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realizable. 


record chain may be made negligible. A record 
emphasis derived. 


Wavelength-dependent losses are appreciable; 
be inherent in the tape and record heads used at the present state of the art. 


JULY 1960, VOLUME 8, NUMBER 3 


The Frequency Response of Magnetic Recorders for Audio® 
Joun G. McKnicutt 
Ampex Professional Products Company, Redwood City, California 


The total frequency response of a magnetic tape recorder depends on the amplifier responses, 
the heads, and the tape. Response standards have been established by NAB and CCIR for the 
reproduce chain, using an “ideal” reproduce head and a prescribed post-emphasis. Techniques are 
discussed and data shown for calibrating the reproduce chain; the ideal reproduce head is physically 


The only standard for the record chain is that it must produce tapes which reproduce properly 
on a standard reproduce chain. Data show that the frequency-dependent response loss of the 


adjusting tape was chosen, and the required pre- 


their causes are briefly discussed and found to 


1. INTRODUCTION 


NFORMATION on the total frequency response of a 
magnetic recorder is useful for several purposes: 

1. For standardization of reproduce response, in order to 
adhere to the established NAB or CCIR response for mag- 
netic recorders, both in production recorders and in stand- 
ard alignment tapes. 

2. For general engineering design purposes, to enable 
one to reduce or eliminate frequency response losses in 
equipment design; and also so that equalizations need not 
be redetermined each time equipment is designed. 

3. For purposes of analysis, to evaluate the various 
frequency-dependent and wavelength-dependent response 
losses, and to attempt to identify their causes. 

Total frequency response losses in the magnetic recorder 
may be analyzed by either of two methods: the first, by 
reproduce and record losses; the second, by frequency- 
dependent and wavelength-dependent losses.' 


* Revised manuscript received April 22, 1960. Presented in part 
October 7, 1959 at the Eleventh Annual Convention of the Audio 
Engineering Society, New York. 

+ Manager, Advanced Audio Section, Audio Products Division. 


1 Frequency-dependent losses will be called simply “frequency- 
losses,” and are those losses which vary with frequency for a constant 
recorded wavelength; they are electrical effects such as amplifier re- 
sponse, self-resonance of head windings, and eddy current losses in 
cores. Wavelength-dependent losses will be called simply “wave- 
length-losses,” and are those losses which vary with the recorded 
wavelength on the tape, for a constant frequency; they are effects 
related to the tape velocity and the mechanical dimensions of the 
heads and the tape, such as reproduce gap loss, record process reso- 
lution, tape thickness loss, and head-to-tape spacing loss. Recorded 
wavelength is defined as the velocity of the medium during recording, 
divided by the recording frequency. 


This paper will be primarily from the viewpoint of the 
standardization and engineering design points above, for 
which purpose the analysis is most clearly presented by 
organizing into reproduce and record losses. This paper 
generally follows the work of Bick? and that of Lennert,’ 
bringing the data up-to-date and supplying more data 
specifically relating to present-day Ampex heads and tape. 


ll. ANALYSIS OF THE “IDEAL” SYSTEM 


The NAB (and also CCIR) standards for frequency re- 
sponse in magnetic recording are based on the concept of 
an “ideal” reproduce system, plus a certain prescribed stand- 
ard post-emphasis. After the ideal reproduce system is 
established, pre-emphasis is determined by measuring the 
ideal record response, applying the standard post-emphasis 
to the reproduce system and designing the pre-emphasis to 
make the total system flat. Since tape and recording losses 
vary, there is no such thing as a “standard” pre-emphasis. 

The ideal system is defined here (in accordance with the 
NAB and CCIR standards) as one wherein a constant input 
voltage to the record system vs frequency will cause a con- 
stant flux to appear at the recording gap, which records a 


2J. D. Bick, J. Audio Eng. Soc. 1, 4-9 (1953). 

3F. G. Lennert, Trans. IRE-PGA AU-1, 20-25 (1953). 

4NARTB Recording and Reproducing Standards, Sec. 2, Magnetic 
Recording (June, 1953). CCIR, Recommendation No. 135, Stand- 
ards of Sound Recording for the International Exchange of Pro- 
grammes, single track recording on magnetic tape. Documents of the 
VIIth Plenary Assembly, London, 1953, Vol. 1, pp. 170-183. The 
“short-gap” method is used in this paper. The reproduce response 
discussed here for 7% ips is an Ampex standard and has been pro- 
posed as an NAB standard, but it has not as yet been accepted by 
NAB. 
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Fic. 1. Reproduce amplifier frequency response, measured at line 
output terminals, from constant input voltage applied to input termi- 
nals in place of reproduce head. Ampex Model 351. 


constant flux on the tape. The constant flux from the tape 
produces a constant flux in reproduce. Since the reproduce 
heads in common use are of the differentiating type,® the 
reproduce head output must be passed through an integrat- 
ing amplifier. Then the output voltage from the head and 
integrating amplifier will be constant from a constant flux 
on the tape. 

Since it is possible to measure reproduce frequency losses, 
and to measure the reproduce gap length and calculate from 
this the reproduce gap loss, the practical basis of measure- 
ments by the ideal method is the use of a reproduce head 
with frequency-loss and gap length loss which are either 
negligible or compensated. Except for reproduce gap loss, 
all wavelength-losses in reproduce, record, and the tape it- 
self are arbitrarily assigned to, and compensated for, in the 
recording system, so that reproduce is uniform for all re- 
cordings. Since ideal record response is defined as the over- 
all response corrected for frequency-losses, it is in fact the 
same thing as “total wavelength-losses, less reproduce gap 
loss.” If the reproduce gap loss is negligible, ideal and 
wavelength responses are identical. The ideal concept is 
retained here due to its use in the NAB and CCIR stand- 
ards. 

The assumption that all wavelength-losses may be as- 
signed to the record process is a practical necessity for two 
reasons: First, for standardization, the practical user only 
cares that all tapes reproduce “flat” on his system—he does 
not care how they got that way. Second, no method of 


5A differentiating head is one which is sensitive to the rate of 
change of flux, so that an ideal reproduce head would have an output 
directly proportional to the frequency, which is to say rising at 6 
db/octave. 

6 An integrating amplifier is one whose gain is inversely propor- 
tional to frequency, which is to say falling at 6 db/octave. 


measurement has yet been devised which will accurately 
separate the wavelength-losses into their record and repro- 
duce components. The validity of this assumption is an 
entirely separate question, of interest only for analytical 
study, and will be briefly treated separately at the end of 
this paper. 

Although several important low frequency/long wave- 
length effects do exist, they will not be considered in this 
paper; therefore, all data are discontinued at 250 cps. 


A. Reproduce System Response 


The reproduce system includes the reproduce amplifier 
and the reproduce head. It is assumed that no reproduce 
losses are attributable to the tape. 


1. Reproduce Amplifier Response 


The reproduce amplifier must be able to produce either 
of two frequency characteristics. The first will be called 
“ideal” response, and is that of an integrating amplifier 
(response falling 6 db/octave). The second, NAB response, 
is that of the previously mentioned integrating amplifier, 
modified by a rising frequency response characteristic of 
an RC circuit having a time constant of 50 psec (3 db point 
at 3180 cps) plus any correction necessary for the frequency 
response of the reproduce head. 

In order to demonstrate these responses, an Ampex Model 
351 magnetic recorder was used. The high-frequency post- 
emphasis resistor (R31) was shorted to produce the ideal 
amplifier response, as shown in Fig. 1, curve a. 

The NAB post-emphasis (to be added to the integrating 
response) is shown in Fig. 2, and the total NAB reproduce 
amplifier response is shown in Fig. 1, curve 6. (This does 
not include any correction which may be necessary for the 
head response.) The NAB response was verified by making 
an inverse network, whose response, plus the NAB response, 
should be flat. Amplifier responses are in each case correct 
within the measuring error (about +'% db). 


2. Reproduce Head Response 


The reproduce head response deviations from ideal may 
be divided into frequency and wavelength-losses. 
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Fic. 2. NAB post-emphasis for 15-ips magnetic recording. RC = 
50 usec (+3 db at 3180 cps). 
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Fic. 3. Reproduce head frequency response, by flux injection (con- 
ductor) and variable speed methods. Ampex Model 351, %4-in. full- 
track head. 


a. Frequency Response of the Reproduce Head. Fre- 
quency response of the reproduce head may be measured 
by either of several methods.*** The methods to be used 
here will be the “conductor in front of head” (flux injec- 
tion) and the “variable speed.” Figure 3, curves a and 5b, 
shows the results of the conductor method. A piece of No. 
35 wire was held in place at the gap using a simple jig (even 
pressure-sensitive tape could be used). Constant current 
vs frequency was fed through the conductor, and the re- 
sponse measured, first with the amplifier set to the ideal 
(integrating) response, giving Fig. 3, curve a; then with 
the amplifier set to NAB response, using the inverse net- 
work, giving curve b. These agree within 4 db, and show 
the response to be flat within % db to 15 kc, falling 1% db 
at 20 kc. 

This electrical measurement of the reproduce head fre- 
quency response characteristic may be verified by the vari- 
able speed method. The principle is that for a given record- 
ing of a sine wave, the frequency of the sine wave during 
reproduction is proportional to the speed of the tape in 
reproduction. Since an identical sine wave recording is 
used to produce various frequencies in reproduce, any varia- 
tions in output vs frequency must be due to the frequency 
response of the reproducing system. 

The magnetic recorder used in this paper has a two-speed 
drive system in 2:1 speed ratios, and it is possible to do 
the calibration in a succession of 2:1 steps. The practical 
difficulty is that the errors in measurement are cumulative. 
Therefore, the variable speed was accomplished by placing 
the machine in “Fast Forward” mode and using a cloth 


friction pad at the reel idler to manually control the speed: 
frequency was read on a frequency counter (Hewlett- 
Packard Model 521C). Speed can be maintained within 
10% of the desired value by this means. (This is adequate 
since the response is such a gradual function of frequency 
in this measurement.) 

Figure 3, curve c, shows the variable speed frequency 
calibration of the head and integrating amplifier for ideal 
reproduce response. The correlation with the conductor 
method is % db maximum deviation. The response is seen 
to be +-0, —/%2 db from 250 cps to 16 kc; this is sufficiently 
small that no correction will be made to the NAB response 
(50 psec post-emphasis) . 

b. Wavelength Response of the Reproduce Head. The 
only wavelength effects which are normally attributed to 
the reproduce process are the gap length effect at short 
wavelengths and the “head bump” (“contour effect”) and 
fringing at long wavelengths (low frequencies). 

The head bump is a phenomenon occurring when the re- 
corded wavelength and the length of the magnetic core 
structure of the reproduce head are of approximately the 
same size. The data in this paper are discontinued at 250 
cps; the head bump does not enter at the shorter wave- 
lengths used here. 

“Fringing” occurs when a recorded track is reproduced 
by a head narrower than the width of the recorded track. 
A rise in response will occur at long wavelengths, the 
amount depending on the ratio of recorded track width to 
the reproduced track width. The frequency at which the 
rise begins depends on the recorded wavelength and the 
width of the particular reproduce head. This effect does 
not occur in the present data as the recorded and repro- 
duced track widths are identical. The effect will be several 
db if a full-track tape is reproduced by a half-track stereo, 
or “four track” (43-mil wide) head. (A full-track 15-ips 
standard tape reproduced with a 43-mil wide reproduce 
head will show a 7-db rise at 50 cps.) 

The gap length of the reproduce head in Ampex Profes- 
sional Audio Products recorders is 180 to 200 win. For this 
gap length, the loss is negligible (14 db or less) at or below 
15 ke at 15 ips (1-mil wavelength). At 7% ips, the gap 
loss is 1 db at 11 kc, 2 db at 15 ke.?7 This loss should 
ideally be made up in the reproduce amplifier; in practice, 
the deviation is less than either the equipment specification 
(4 db at 15 kc) or the NAB tolerance and is left uncor- 
rected in reproduce. 

We see from this discussion that both the frequency re- 
sponse and the wavelength response of the reproduce head 
and amplifier combination are essentially ideal without any 
correction. 


B. Record System Response 
The record system includes the record amplifier, the 


7W. K. Westmijze, Philips Research Repts. 8, 25 (1953), Reprint 
R213. 
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Fic. 4. Record amplifier frequency response. Current through 
record head, from constant voltage applied to “Unbalanced Bridge” 
input terminals. Ampex Model 351, %4-in full-track head. 


record head, and the tape. All wavelength losses are as- 
sumed to be associated with the record head and the tape, 
and wavelength losses of the record head and the tape are 
not separated 


1. Record Amplifier Response 


The record amplifier is required to produce either of two 
characteristics. The first is ideal response: constant input 
voltage to the recording amplifier produces a constant cur- 
rent through the record head. The second is “equalized 
for NAB” response; the response of the ideal amplifier plus 
whatever characteristic is necessary to produce flat over-all 
response with the NAB characteristic in reproduce. (This 
cannot be called “NAB record response,” since it will de- 
pend on the tape and the bias current used, and therefore 
is in no way a standard response.) 

The current through the record head from constant input 
voltage to the record amplifier (Ampex Model 351) is 
shown in Fig. 4, curve a. This was produced by removing 
the high-frequency pre-emphasis circuits; the response is 
+0, —% db to 11 kc; —-1 db at 17 kc; -1% db at 20 kc. 
The record pre-emphasis normally also compensates for 
this small deviation from constant current response; there- 
fore, the amplifier response was compensated by re-introduc- 
ing a very small amount of the record pre-emphasis, to give 
a head current which is plus or minus 44 db, 250 cps to 
20 kc, as shown in Fig. 4, curve bd. 

The equalized response for NAB cannot, of course, be 
determined until the record system losses are determined. 


2. Response of the Record Head Plus Tape 


The deviations from ideal of the record head plus tape 
may be divided into frequency-losses and wavelength-losses. 
a. Frequency Response. (i) Frequency response of the 
record head. The frequency response of the record head 
may be measured by means similar to those used to measure 


the reproduce head response: the “conductor in front of 
the head” (flux sampling) method, and the variable speed 
method. 

Measurement was first done by the conductor method. 
A piece of No. 35 wire was formed into a hairpin loop, and 
held over the record gap with pressure-sensitive tape. (The 
Ampex record heads use a gap shim of 1-mil copper, which 
modifies the field configuration at the gap area. If a single 
conductor is used, as in reproduce, the gross field is meas- 
ured, which has a slightly different frequency response from 
that just at the gap. Therefore, the hairpin loop was used 
to measure only the field in the gap region, where the re- 
cording is actually done.) The loop (similarly to the re- 
produce head) is sensitive to the rate-of-change of the flux, 
and its output voltage must be integrated to give flat output. 
A simple RC integrating circuit was used. (Low output 
voltage from the hairpin loop prevented measurements be- 
low 4 ke with the equipment available.) 

Figure 5 shows the results of the measurement by the 
conductor method described above. Response is seen to 
be down 0.2 db at 10 kc, 0.3 db at 20 kc, which is essen- 
tially flat. 


Variable speed record response measurement is theoreti- 
cally possible but is complicated by the fact that small de- 
viations in response appear to occur if the bias wavelength 
is not held constant. If the measurement is done in octave 
(2:1 speed) steps, this small error is cumulative and de- 
stroys the accuracy of the measurement. The frequency 
response measurements may be indirectly verified, however, 
by comparing the calculated wavelength response for one 
speed (over-all frequency response plus correction for meas- 
ured frequency response loss, then converted to a wave- 
length scale) with the same data for another speed. The 
difference in responses represents the error in measuring the 
frequency loss. This verification can be seen in Fig. 7, 
under the discussion of wavelength response of the over-all 
system. The difference was found to be 1% db, which is 
within measuring error. 

(ii) Frequency response of the tape. The frequency re- 
sponse of the tape itself has not been accurately determined. 
It appears that there is no frequency loss from the tape 
itself even into the megacycle region. 
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Fic. 5. Record head frequency response. Integrated output of 
hairpin loop over record gap, from constant current through record 
head. Ampex Model 351, 4-in. full-track head. 


1 


Yee Ce 
gg oR Re ye ere ee ae eee 
RO ee BTR BE ie Cae Pe hades oe © Sapa wt Fe 


a 
ie” 
-ed; | 
ett. BGs EGE ESS SSHili== 
thin 
uate 
ncy 
ency 
deal 
ictor 
seen 
ntly | 
onse | | 
The | | 
d to | 1000 10000 20000 Ms 
hort ) a 4 
4 
e re- | 4 y 
core | m, - 
the | z a 
250 | ~/ 
yave- 4 
% z 
afl een 4 
rack. # 
the “2 
th to 4 
1 the ‘ 
| the ; ei, 
does . 
epro- dq 
veral iq 
fereo, ‘ 
5-ips ‘" 
»duce 7 
rofes- Pe, 
r this | 2 
yelow g 
> gap ig 
hould 3 
a | : 
; a 
_ a a 
Ty 7 
| He | a 
| | i ee 3 
i = = 
ty 7 
t — T — % 
Sm me ee —_ = l 1 i 
| 4 
a 
| 
‘ F 


150 


+10 


| os 7 T 7 7 }rqre T 7, — 
} IDEAL SYSTEM (MEASURED { f i Ht 
+ RESPONSE CORRECTED FOR A! 7% ips 
| FREQUENCY LOSSES). "a 15 rh 
Odb ' a 
Sn 
—s A 
—- t 
HSS: StBe Stas 
—10 t MEASURED RESPONSE TT TTT SN .—s 
t - t t } | ~ St 
t j eo) 7% ips 3 T Na 
| ttt ? Set=sae. SS 
| ae b) 15 ips 4 x 
— fl } x 
—20 t a | + 
mF } 
| | | 
7 — + 
| } } 
—30 oot 
} } / 
; + 
rr E 
0 Ete { 


“ae 2 Fy: 2 ’ ‘ 
1000 


FREQUENCY IN CYCLES PER SECOND 


Fic. 6. Measured and ideal record/reproduce system frequency 
response. Output of reproduce head plus integrating amplifier, with 
constant input voltage applied to “Unbalanced Bridge” input. Ampex 
record adjusting tape, peak bias at 15-mil recorded wavelength. 
Ampex Model 351, '4-in. full-track heads 
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b. Wavelength Response of the Record Head Plus Tape. 
Since wavelength-losses except reproduce gap loss are arbi- 
trarily assigned to the record head and the tape, the wave- 
length response of the record system is a function of the 
record head design, the tape, and the bias current used. 
These three parameters are closely linked together, but the 
effects have not yet been thoroughly examined; some data 
on the variation in response of various tapes and on the 
effect of the amount of bias current have been published.‘ 

For the present work, a standard Ampex record head was 
used—a ring head with a 1-mil copper gap spacer. The 
tape was a record adjusting tape supplied by Orr Industries 
Company of Ampex Corporation. The response of this tape 
is similar to that which will be found with current profes- 
sional-type recording tapes, if their surface is made smooth. 
(Orr tapes are made smooth in manufacture by the Ferro- 
sheen process.) Bias point was “long wavelength peak 
bias,” defined as that bias current which produces the 
greatest remanent signal on the tape when recording a 15- 
mil wavelength signal (1000 cps at 15 ips, or 500 cps at 
7% ips) at a level 15 db or more below saturation output.” 

Figure 6, curves a and b, shows the measured response of 


8R. J. Tinkham, J. Audio Eng. Soc. 5, 99-103 (1957). 

® Unlike the reproduce head, record resolution is not dependent 
only on the gap length. For long wavelength peak bias current with 
the present oxide thickness, the optimum record gap length is in the 
region of 14 to 1 mil. A shorter gap under these conditions does not 
improve record resolution—in fact, it is worse. There may, however, 
be some basically different configuration of record head which would 
improve record resolution. 

10 Since the output vs bias current curve is very broad near “peak” 
bias current, the adjustment is simplified by finding the bias currents 
for an output ™% db less than maximum; first by over-biasing, and 
then by under-biasing. The peak bias is the average of the over- and 
under-bias currents. 
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the record/reproduce system. The reproduce gap loss was 
shown previously to be small with the head used, and no 
correction will be made. The various frequency-losses were 
also shown to be small; however, correction will be made 
for this small deviation. When this is done (Fig. 6, curves 
c and d), we have the frequency response of the ideal sys- 
tem. The data of Fig. 6, curves c and d, can be redrawn 
on a wavelength scale, resulting in Fig. 7, the wavelength 
response of the record head plus tape, or ideal system. This 
shows the losses (for wavelengths between 0.37 and 60 mils, 
at any speed) which must be compensated by the equaliza- 
tion in the recorder. It also shows that almost all of the 
losses of the system are wavelength-losses; reproduce gap 
loss and the frequency-losses are negligible for ordinary 
purposes. The possible causes for these wavelength-losses 
will be discussed separately below. 


C. Equalization Design 


The ideal (wavelength) response data derived here may 
now be used to calculate the pre-emphasis required using 
the standard post-emphasis. Then these newly calculated 
pre-emphases will be compared with those derived previ- 
ously. 


1. Pre-Emphasis Design from the Present Data 


Having no frequency-losses or reproduce gap length loss 
to be compensated, in this case, design of pre-emphasis re- 
quires only knowledge of the desired post-emphasis and the 
ideal (wavelength) losses. In general, this could be done 
for any speed such that the frequencies and wavelengths fell 
within the range which had been measured. 

To determine the equalization necessary for NAB re- 
sponse, we need merely apply the NAB reproduce post- 
emphasis (Fig. 2) to the ideal system response converted 
to the appropriate speed (Fig. 7, or directly to Fig. 6 for 
7% and 15 ips). Then the difference between these re- 
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Fic. 7. Ideal record/reproduce system wavelength response. Data 
of Fig. 6, curves c and d, redrawn on a wavelength scale. 
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Fic. 8. Equalization calculation, for 7'4-ips proposed NAB re- 
sponse. System and conditions as described in Fig. 6. 


sponses and a flat response is the amount of record pre- 
emphasis necessary. 

Figures 8 and 9 show (for 74 and 15 ips, respectively) 
the equalization calculation: curve a is the ideal over-all 
response; curve 0 is the ideal response plus the NAB post- 
emphasis; curve c (the difference between curve 5 and flat 
response) is the required pre-emphasis necessary for flat 
reproduction on an NAB equalized reproduce system. 


2. Comparison with Previously Determined Pre-Emphasis 


Does the present calculation of pre-emphasis agree with 
that used previously by Ampex? 

The heads originally used for determining the Ampex 
standard reproduce alignment tape had been specially con- 
structed to be ideal and the standard alignment tape was 
in fact standard. The reproduce response of Ampex re- 
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Fic. 9. Equalization calculation, for 15-ips NAB response. System 
and conditions as described in Fig. 6. 
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corders has always been designed for flat reproduction of 
the standard tape to maintain consistency with the NAB 
standard. Therefore, the Ampex reproduce systems have 
always followed the NAB ideal standard. 

Figure 10 compares the old record pre-emphasis response 
used by Ampex (curves a and c) to the present responses 
(curves 6 and d) for 7% ips (curves a and 6) and for 15 
ips (curves c and d). A large difference is seen—why? 

The major change in response has come from changes in 
the physical and magnetic construction of the tape itself. 
One change is in surface finish of the tape. The oxide coat- 
ing surface of all known magnetic tape is rough, as coated, 
causing short wavelength (high-frequency) response loss, 
due to lack of intimate contact between the tape and the 
heads. When the tape is played repeatedly, the surface be- 
comes smooth through mechanical polishing. Figure 11 


+30 , . 
: | | | | f | | 
; ; 
== STE EEEEE == 
oc) OLD PRE-EMPHASIS, 7% ips: ‘ 
+20 MODEL 350 AND TAPE CIRCA 1953 
tri ttt tat tay ZZ 
/—{—{— _b) NEW PRE-EMPHASIS, 7% ips: a 
MODEL 351 AND AMPEX RECORD 
j } ss 
+10 ADJUSTING TAPE. +4 He 
4 | 4 
— - ar 
; 
eee SS SEHIEEEE Bais 
——+—  ¢} OLD PRE-EMPHASIS, 15 ips: 
MODEL 350 AND TAPE CIRCA 1953. <j 
+10 po — oo SA 
_ d) NEW PRE-EMPHASIS, 15 ips: < 
—{—|— MODEL 351 AND AMPEX RECORD Bee 
ADJUSTING TAPE. — | 4 
— att 4 i 
Odb ; 
tt 
2 SI] ‘ s + 7 eer ? 5 ‘ eo © Boe 
1000 10000 


FREQUENCY IN CYCLES PER SECOND 


Fic. 10. Comparison of pre-emphases, 7‘ and 15 ips. Curves a 
and c trom Ampex Model 350 Instruction Manual, Fig. 7, “Record 
Amplifier Response”; 6/1/53. Curves b and d, from Ampex Model 
351 Instruction Manual TM 2002, facing p. 7-30, “Record Amplifier 
Response.” 


shows the effect of polishing a roll of professional-grade 
tape, made by a major manufacturer. This is an extreme 
case measured by the author, showing that lack of polish 
caused a response loss of 3 db at 1-mil recorded wavelength 
(15 ke, 15 ips) and 6 db at % mil (15 kc, 7% ips). The 
effect is more typically 1 to 2 db at 1 mil, and 3 to 4 db 
at % mil; this is still an appreciable loss. 

A tape with a smooth surface has the main advantage that 
its response is stable from the very first play. The tape 
available when the original pre-emphases were determined 
had a rather rough surface, but tapes with smooth surfaces 
are now available commercially from Orr Industries Com- 
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pany of Ampex Corporation, (whose tapes are conditioned 
to be smooth by the Ferro-sheen process) and from others. 
Therefore, the new pre-emphasis curves were determined 
using smooth tapes, which accounts for part of the reduc- 
tion in pre-emphasis. 

Other changes in tape construction, and some small 
changes in record head manufacturing technique, account 
for the remaining difference. 

The newly determined record pre-emphasis responses are 
now being used to design and adjust production recorders 
at Ampex. They have several advantages over the older 
responses. 

1. The older responses are not appropriate to modern 
smooth-surfaced tapes. Their use gives a rising response at 
higher frequencies. 

2. The new responses reduce the chance of high-fre- 
quency overload, as can be seen from Fig. 10. This is 
especially significant at the slower tape speeds, where high- 
frequency overload has sometimes been a problem. 

3. The new responses are very close to simple 6 db/ 
octave slopes, and the equalizer need only be a simple RC 
network. (The older responses rose more steeply, and re- 
quired an LC network in addition to the RC.) 


ill. A BRIEF DISCUSSION OF WAVELENGTH-LOSSES 


Since the losses shown in Fig. 6 (or Fig. 7) are consider- 
able, we would like to know their cause, and whether they 
could be eliminated. We would also like to check the 
validity of the original assumption of the ideal method that 
all wavelength-losses (except reproduce gap loss) are at- 
tributable to the record process. Many studies of this 
question have been made, and they have been reviewed and 
discussed by Daniel e¢ al." 


11E. D. Daniel, P. E. Axon, and W. T. Frost, J. Audio Eng. Soc. 
5, 42-52 (1957). 


Let us start with Fig. 12, curve a (taken from Fig. 7), 
showing the wavelength response. A common misconcep- 
tion is that the reproduce gap loss is a large contributor. 
We have shown above that the gap loss is small; Fig. 12, 
curve 5, shows wavelength response corrected for the small 
gap loss. 

A large wavelength-loss which is reasonably proven is 
the “thickness loss” described by Wallace.'* He shows that 
a loss of response occurs in the reproduce process at shorter 
wavelengths when the tape is separated from the reproduce 
head. For analysis, let us think of the oxide coating as 
though it were very many thin layers instead of one thick 
layer, and assume the oxide to be magnetized uniformly 
through its thickness (ie., each hypothetical thin layer 
magnetized the same as all other layers, with no separation 
loss in recording). Then apply the separation loss to each 
hypothetical thin layer, and sum the responses from the 
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Fic. 12. Wavelength response corrected for reproduce gap loss and 
thickness loss. 


many thin layers. Wallace’? shows that when the oxide 
thickness is comparable with the recorded wavelength, only 
the surface layer of oxide contributes useful flux. As the 
wavelength becomes longer, more and more of the oxide 
thickness contributes useful flux, until at a wavelength ap- 
proximately 50 times the oxide thickness the full thickness 
of the oxide contributes useful flux. The effect of this loss 
is shown in Fig. 12, curve c, where the correction has been 
made for the tape thickness used (approximately 1% mil). 
The thickness loss is seen to account for a large portion of 
the losses in this wavelength range. To the extent that we 
are correct in assuming uniform magnetization it is a repro- 
duce loss, but since it depends on a property of the tape 
itself, it is convenient to consider it with the other “record 
head and tape” losses. 

What other effects may occur to account for the remain- 


12 R. L. Wallace, Jr., Bell System Tech J. 30, 1145-73 (1951). 
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ing losses? Wallace’ also discusses “separation loss,” per 
se. We feel that this effect is small, except for tapes with 
rough surfaces, as shown previously in Fig. 11. Another 
frequently mentioned loss is “self-demagnetization loss”; 
Daniel'':'* has shown that this loss is small at these wave- 
lengths. 

The remainder of the loss is probably associated with the 
nonuniformity of the recording field, and the rate of extinc- 
tion of the recording field,’’ which are problems inherent in 
a simple ring-type recording head when used with oxide 
coatings whose thickness is comparable to the shortest 
recorded wavelength. The assumption in the thickness loss 
calculation that the oxide is uniformly magnetized is not 
full- justified, and the thickness loss that Wallace shows 
may overestimate the loss from this cause. This would 
mean that the record head loss is actually greater than 
shown in Fig. 12, curve c. 

The wavelength-losses are seen to be largely due to thick- 
ness loss and to the relative inefficiency with which a simple 
ring-type recording head operates at short wavelengths. 
These losses are, as was originally assumed, all functions 
of the tape and the record head; they cannot be eliminated 
with techniques available at the present state of the art. 


IV. SUMMARY 


We have defined an ideal system in accordance with the 
NAB and CCIR standards. Measuring techniques are de- 
scribed, and it is shown that means exist for measuring the 
frequency losses in the record and reproduce heads elec- 
trically (i.e., without tape). These measurements agree 
with those using tape itself. The practical Ampex heads 
measured were found to be essentially ideal. 

Since over-all response depends on the tape, a record ad- 
justing tape was chosen which is representative of present- 
day commercially available tapes. The over-all ideal re- 
sponse was then determined, and from this the pre-emphases 
for NAB response were calculated. 

It was found that the present work agrees with the pre- 


13E. D. Daniel, Proc. Inst. Elec. Engrs. (London) 100, Pt. III, 
168-175 (1953). 


viously determined NAB reproduce standard; but that, due 
to changes in the tape (the use of smooth tape and other 
tape changes), the present record responses are considerably 
different from those determined: previously. The new re- 
sponses have been incorporated in Ampex production equip- 
ment and have the advantages of being appropriate to the 
characteristics of present-day tape, of reducing high-fre- 
quency overloading effects (especially at lower speeds), and 
of being more easily realizable responses. 

The losses were found to be almost entirely wavelength- 
losses. These were discussed briefly and found to be in- 
herent in the tape and simple ring-type record head used 
at the present state of the magnetic recording art. 
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Stereo Disk Problems (Addendum’) 


Erttnc P. Skov 


Fairchild Recording Equipment Corporation, Long Island City, New York 


ECENT discussions about the “compatible” record’ 
have raised questions about sound quality, stereo sepa- 
ration, frequency response, etc. This addition to the paper, 
“Stereo Disk Problems,” published in the January 1960 
issue of the Journal, may help clarify some of the factors 
involved. Most of the limitations of the process of cutting 
stereo disks have been covered in the paper in the January 
issue; however, a few were not mentioned. 

One of the factors that was not discussed is the thickness 
of the lacquer coating of the recording disk. A survey re- 
vealed that manufacturers of recording disks maintain a 
thickness of lacquer coating of approximately 6-7 mils and 
tolerances of +0.5 mil, which means that the minimum 
thickness is 5.5 mils. If an extra safety margin of 0.5 mil 
is maintained, the available thickness for recording is 5 mils. 

As peak energy content at very low frequencies may 
reach levels comparable to those at mid-frequencies accord- 
ing to McKnight" we will, as a first approximation, assume 
a flat peak energy distribution curve. 

A standard stereo recording level that is often used is 3 
db below that of the inside 1-kc band on the monophonic 
test record RCA 12-5-49. This means that two identical 
signals in the two stereo channels will produce purely 
lateral or purely vertical groove modulation if their relative 
phase angle is 0° or 180°, and the combined level will be 
similar to that of the RCA test record. 

This level is approximately 6.2 cm/sec at 1 kc. The 
RIAA specifies the velocity at the lowest frequency—30 cps 
—to be 18.6 db or approximately 8.5 times below that at 
1 ke: 6.2/8.5 = 0.73 cm/sec. As the peak factor seldom 
exceeds 10 db it would be safe to consider 0.73 * 3.16 = 
2.3 cm/sec as the maximum lateral and vertical velocity 
at 30 cps. 

From Vyeax = 2xfA is found the corresponding ampli- 
tude: 

A = V/2aef = 2.3 K 1000/2.54 & 2x K 30 = 4.8 mils. 

This amplitude, if vertical, will require a lacquer thick- 
ness of 2 < 4.8 mils + safety margin 0.5 mil + minimum 
depth 0.5 mil (0.7-mil reproducer) = 10.6 mils. The groove 


* Erling P. Skov, J. Audio Soc. 8, 12 (1960). 

1“4 Compatible Stereophonic Disk Record?” AES New York 
Section Meeting, February 24, 1960. 

2 John G. McKnight, J. Audio Eng. Soc. 7, 65 (1959). 


width will be 21.2 mils, and the number of lines per inch 
1000/21.2 = 47 (grooves touching) and playing time for 
12-in., 334% rpm record: 

{[(11.5 -— 4.75) /2] 47} /33%4 = 4.75 min. 

This is of course an unsatisfactory lacquer thickness and 
playing time. Since a playing time of 20 min is often re- 
quired, let us find the maximum possible level at 30 cps, 
still assuming a flat peak energy curve and a maximum peak 
factor of 10 db. It is also assumed that no automatic 
variable depth or variable pitch is used. 

The number of lines per inch is found from {[11.5- 
4.75) /2| & N}/33% = 20 min. Here, N = 198 lines per 
inch, and the maximum groove width is 1000/198 ~ 5 mils 
(grooves touching). Maximum groove depth is 5/2 = 2.5 
mils and with 0.5 mil as minimum groove depth the maxi- 
mum vertical amplitude is 1 mil. If the RCA 12-5-49 1-kc 
level is used as the standard lateral and vertical recording 
level, the necessary level reduction at 30 cps is then 4.8/1 
= 4.8 times or 13.5 db, still assuming a flat peak energy 
distribution curve and 10-db peak factor. This necessary 
bass reduction can be accomplished either by reducing the 
over-all level or by rolling off the bass only. 

Many types of program material, however, do not have 
a flat peak energy distribution curve but roll off toward the 
lowest bass frequencies and therefore do not need much, 
if any, bass attenuation. The width of the unmodulated 
groove shown in Fig. 1 is 3 mils with 2 mils of land between. 


|»—5 MILS ntl 
3 MILS 2MILS 
{| —— 
MIL 
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Fic. 1. Groove dimensions for 200 lines per inch. 
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LATERAL COMPONENT 
a*-u" 


REDUCED VERTICAL 
COMPONENT’ Cc 


VERTICAL COMPONENT 
AT FULL SEPARATION: 
a 


Fic. 2. Vector representation of reduced vertical component. , 


The 1-mil amplitude of groove modulation requires the 
same amount of land for either lateral or vertical modula- 
tion. 

This restriction of bass amplitude is already an auto- 
matic step toward “compatibility,” a term used lately for 
stereophonic records which are capable of being played back 
with monophonic cartridges without excessive degradation 
of the stereo effect or serious tracking problems. 

As the vertical compliance of some monophonic cartridges 
is rather low, it may be advantageous to reduce the vertical 
bass component of the stereo signal still further. 

A reduced vertical component will reduce the separation 
and also the stereo levels slightly. The following is a quan- 
titative analysis of these factors (see Fig. 2): 

If the lateral component is equal to the vertical compo- 
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Fic. 3. Relationship between vertical component reduction, separa- 
tion, and stereo level reduction. 


nent, separation is infinite. From Fig. 2 three expressions 
are derived: 

Relative vertical reduction: a/c = 1/tan (45° —U°) 

Separation: R/L = cot U 
and 

Relative stereo reduction: a\ 2/(a/¥ 2 + c/¥2) = 
1/[¥% (1 + c/a)] = 1/{% [1 + tan (45° —- U°)]}, where 
a is the lateral or vertical component without reduction, c 
is the reduced vertical component, R is the right-channel 
component, L is the left-channel component, and U is the 
“vertical reduction angle.” 

It is seen that U = 0° for full stereo and U = 45° for 
monophonic recordings. 

In Fig. 3 the above three expressions are plotted as 
functions of U in the interval 0° 2U 245°. For example, 
with vertical bass roll off (6 db/octave) starting at 100 cps 
(3 db down) the following conditions exist: 

At 30 cps the vertical component is reduced 11 db (Fig. 
4). Separation is 5 db (Fig. 3), and stereo level is reduced 
4 db (Fig. 3). 

At 50 cps the vertical component is reduced 7 db. Sepa- 
ration is 9 db, and stereo level is reduced 2.5 db. 

At 100 cps the vertical component is reduced 3 db. Sepa- 
ration is 15 db, and stereo level is reduced 1.4 db. 


0 08 
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+ -10 
Pod 
Pg 
—— -20 
° 30 50 100 200 500 1000 2000 


FREQUENCY IN CYCLES PER SECOND 

Fic. 4. Frequency response of vertical component reduction starting 
at 100 cps. 

CONCLUSION 

The above analysis gives a quantitative picture of the 
effects of vertical bass roll off in the extreme case, where 
the bass frequencies are only in one stereo channel. As 
shown in Fig. 3, the separation will vary from infinity 
(stereo) to 0 db (monophonic) in this extreme case. 

If the sound source is centered exactly between the two 
microphones in the original recording very little vertical 
component will be present, and the reduction of the vertical 
component will make no difference whatsoever in the over- 
all sound. 

The bass loss when employing this technique will there- 
fore be a function of the distribution of the bass between 
the two stereo channels. 

This technique has been in active use in the field for more 
than a year, and is an integral facility incorporated in the 
Fairchild stereo cutting system. 
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Chemical Analysis of Magnetic Recording Tape” 


C. V. Greent 
Central Foundation Boys Grammar School, London, England 


A scheme is given for the chemical examination of magnetic recording tapes. The tape is first 
extracted with solvents to remove plasticizer and the base is then separated from the binder and 


the magnetic oxide. 


Each of the components is analyzed separately, and examples of the results 


obtained on a number of tapes of German, Russian, and American manufacture are given. 


INTRODUCTION 


a, the past five years there has been an appreci- 
able increase not only in the amount of magnetic re- 
cording tape manufactured but also in the number of types 
available. The use of tape for such widely different appli- 
cations as sound recording, instrumentation, and video re- 
cording has led to the development of a variety of formu- 
lations, with consequent difficulties in the chemical analysis 
of these various tapes. 

Although the fundamental construction of tapes is simple, 
consisting of a strong plastic film base thinly coated with 
magnetic oxide and adhesive binder, small proportions of 
other materials such as plasticizer, dye, and curing agents 
may also be present. 

The general scheme of analysis suggested is based on 
preliminary extraction of plasticizer with some suitable sol- 
vent followed by separation of the base and binder plus 
magnetic oxide. This may be done either by dissolving the 
base or binder with suitable solvents or by slight attack 
on the base with alkali. 


SEPARATION OF COMPONENTS 


The magnetic tape is first extracted with solvent to re- 
move the plasticizer. Diethyl ether will remove most com- 
mon ester plasticizers, such as di-2-ethyl hexyl phthalate 
and trixylyl phosphate, while further extraction with meth- 
anol may remove a large proportion of higher molecular 
weight polymeric plasticizers, such as polypropylene seba- 
cate. Some dyé may also be removed. 

To find a convenient method of separation of base from 
binder and iron oxide, preliminary tests are made with 
small pieces of the tape as follows: The tape is: (1) Im- 
mersed in cold acetone. This dissolves some binders (such 
as vinyl chloride-vinyl acetate copolymer). (2) Immersed 


* Manuscript received January 4, 1960. 
t Chemist. 


in cold chloroform. This separates polyvinyl chloride bases 
due to their swelling in this solvent. (3) Boiled in alcohol, 
removed, and dried. This separates cellulose acetate bases. 
(4) Immersed in hot alcoholic potash. This separates poly- 
ethylene terephthalate (Terylene, Mylar, polyester) bases. 
(5) Immersed in hot dimethyl formamide. This separates 
polyethylene terephthalate bases. (6) Immersed in cold 
methyl ethyl ketone. This separates polyvinyl chloride base 
from binders of a similar composition (e.g., carboxylated 
vinyl chloride copolymer). 

If no separation is obtained by these methods, a series of 
additional solvents of various polarities can be tried (e.g., 
carbon disulfide, toluene, ethyl acetate, pyridine, acetic 
acid, morpholine, m-cresol, tetrahydrofuran), and when a 
suitable one has been found, the extracted tape is separated 
from the binder and iron oxide. It should be noted that 
after separation with alcoholic potash, washing with water 
is necessary to remove traces of alkali from the components. 

In cases where the binder is actually dissolved by the 
solvent the iron oxide may be separated by centrifuging, 
and the binder recovered either by evaporation of the sol- 
vent or, in a plasticizer-free form, by precipitating it by 
addition of a nonsolvent, followed by separation by cen- 
trifuging. Thus, vinyl chloride-vinyl acetate copolymer 
may be precipitated from acetone solution by the addition 
of alcohol. 


EXAMINATION OF TAPE BASES 


Tape base polymers may best be identified by their infra- 
red spectra. However, the three tape bases currently in 
use, cellulose acetate, polyvinyl chloride, and polyethylene 
terephthalate, may also be quickly distinguished as follows: 

1. By heating on copper wire (Beilsteins test). A green 
flame signifies the presence of halogens and indicates that 


1W. J. Roff, Fibres, Plastics and Rubbers (Butterworths Scientific 
Publications, London, 1956). 
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the base is polyvinyl chloride. Polyvinyl chloride can be 
confirmed from the chlorine content (about 56%). 

2. If no green color is obtained, the material is heated 
with phosphoric acid. (a) If the vapors evolved color ani- 
line acetate paper red, cellulose is indicated. Cellulose ace- 
tate may be confirmed by the fact that it is soluble in 
acetic acid. (b) If the tape base is substantially unchanged, 
polyethylene terephthalate may be present. This polymer 
only dissolves in a few solvents, such as diphenyl oxide. 
Further confirmatory tests are listed by Roff.* 


EXAMINATION OF TAPE BINDERS 


Thermoplastic binders, freed of magnetic oxides by sol- 
vent separation, are best examined in the infrared spectro- 
photometer, although chemical methods given below may 
also be used. 

Thermosetting plastic binders must necessarily be exam- 
inec in the presence of magnetic oxides. Such polymers 
may be recognized not only by the detection and determina- 
tion of the elements present but also by identifying the 
vapors evolved on heating. A promising method has been 
suggested by Lehrle and Robb* who characterize vapors as 
they are formed by sweeping them into a gas chromato- 
graph. Other methods for identifying polymers are de- 
scribed by Collins,* the I.C.I. and Wake,‘ and by Roff. 
Table I has been found useful for identifying some of the 
binders which are commonly encountered. 


THE AUTHOR 


Charles Victor Green obtained his B.Sc. degree at London 
University. He has reported on the composition of Devon and 
Dorset clays and assessed commercial possibilities of Common- 
wealth raw materials for Overseas Geological Surveys. For six 
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panies, specializing in the natural aging of organic insulating 
material. 

At present he is teaching science at the Central Foundation 
Boys Grammar School in London. 
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Tas_e I. Examination of tape binders. 


Test Result Inference 


2R. S. Lehrle and J. C. Robb, Nature 183, 1671 (1959). 

3 J. H. Collins, “Testing and Analysis of Plastics; Pt. I, Identifica- 
tion of Plastics,” Plastics Institute, London, 1955. 

4 Ministry of “Supply. Services Rubber Investigations, HMSO 
1954; W. G. Wake, Analysis of Rubber and Rubberlike Polymers 
(Maclaren, London, 1958). 


1. Sodium or potassium Cl Polyehloroprene (neo- 
fusion test* for ele- prene), polyvinyl 
ments chloride, vinyl chlo- 

ride-vinyl acetate co- 
polymer 

N Polyesteramide buta- 
diene-aerylonitrile 
copolymer, polyure- 


thanes 

Ss Cured natural and syn- 
thetie rubbers 

cl, 8 Chlorosulfonated poly- 


ethylene 
~- Butadiene-styrene co- 
polymers, polyaerylie 


resins 
2. Boil with concen- Disintegrates Butadiene-styrene co- 
trated nitrie acid polymer, polyehloro- 
prene 
3. Boil with 30% sul- Disintegrates Polyesteramide 
furie acid 
4. Parker's acid resis- 0-3 see Polyurethane 


tance test.” Place 90.30 see 
in 1:1 nitrie acid/ 
sulfurie acid at 
70°C, and measure 
time which elapses 
before the start 

of disintegration. 


Polychloroprene 

More than 60 see Aecrylates, butadiene- 
acrylonitrile, vinyl 
chloride-vinyl ace- 
tate copolymer, chlo- 
rosulfonated poly- 
ethylene, polyvinyl 
chloride 


5. Chlorine content®* by Cl content 56% 
Schenck and Puell’s a 
method.* Weigh 45 to 54% 
into a small eru- 
cible, fill with cal- 
cium oxide, invert 
inside a larger eru- 27.5% 
cible, cover with 
ealcium oxide and 
heat, finally to red- 
ness for 15 min. 
Cool extract with 
dilute nitrie acid 
filter, and deter- 
mine chlorine as 
silver chloride. 


Polyvinyl chloride 


Vinyl chloride-vinyl 
acetate copolymer 


38 to 40% Polychloroprene 


Chlorosulfonated poly- 
ethylene 


6. Heat Formaldehyde Aerylates 
evolved 

White fumes and Butadiene-styrene 
smell of styrene 

Alkaline vapors Polyurethane aeryloni- 
trile polymer 

Polychloroprene, poly- 
vinyl chloride, vinyl! 
chloride-vinyl ace- 
tate-copolymer, chlo- 
rosulfonated poly- 
ethylene 


Test vapors with 
(i) litmus paper 
Acid vapors 


Blue color, HCN Aerylonitrile polymer, 


(ii) euprie acetate/ 
polyurethane 


benzidine evolved 


« F. Freigl, Spot Tests in Organic Analysis (Elsevier Publishing 
Company, New York, 1956), pp. 92-96. 

> L. F. C. Parker, J. Soe. Chem. Ind. 63, 378 (1944). 

© When examining cured binder plus magnetic oxide mixture, the 
proportion of magnetic oxide may be determined by ashing at 400° 


“aH. J. Schenck and H. Puell, Kunstoffe 41, 192-193 (1951). 
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TABLE IT. Examples of magnetic tape compositions. 


Manu- 
No. Type facturer Base Binder Separation method Notes 
1 Normal German Pvc Polyesteramide rubber Chloroform 
2 High coercivity German PET* Nitrogenous polymer Aleoholice potash 7-Fe.0, detected: 3.3% cobalt 
present (in solid solution with 
the iron oxide or as a separate 
phase ) 
Normal German PVC*  Carboxylated vinyl chloride Methy!] ethyl ketone 
polymer 
4 Normal German PET* vVC-VA* Acetone Tape had an odor of eresol. Plas- 
ticized with trixylyl phosphate 
5 Instrumentation American PET* VC-VA* Acetone 
6 Video American PET* Chlorosulfonated polyethylene Aleoholie potash 
7 Video American PET* Not determined Dimethyl] formamide 
8 Normal American PET* VC-VA* Acetone Composition: Base, 59% ; binder 
+ plasticizer (di-oetyl phthal- 
ate + polypropylene sebacate) 
+ pink dye, 12.5%; iron ox- 
ide, 28.5% 
9 High output American CA* VC-VA* Aleohol Contained blue dye 
10 Normal American CA* VC-VA* Aleohol 
ll Normal Russian CA* NC* Aleohol 


* Abbreviations: PVC, polyvinyl chloride; PET, polyethylene terephthalate; CA, cellulose acetate; VC-VA, vinyl chloride-vinyl! ace- 


tate copolymer, and NC, nitrocellulose. 


EXAMINATION OF MAGNETIC OXIDES 


The composition of the magnetic oxide (see Table II) is 
generally of interest, and this can be examined in the emis- 
sion spectrograph for the presence of metallic elements. As 
iron predominates, the many lines of the iron spectrum will 
normally obscure those of other elements, such as cobalt 
and it is therefore advisable to remove the iron chemically 


TaBLe III. Examination for sizing agents. 


Test on base 
and binder 


No HCN evolved 
on heating 


No HCN evolved 
on heating 


Type of Test on complete 
Manufacturer base tape 


1 A,German PVC Trace of HCN evolved 
on heating 

Trace of HCN evolved 
on heating 


5 C,Ameriean PET 


and re-examine any residue thus ensuring that no metallic 
elements are overlooked. Magnetic oxides may be further 
examined by x-ray diffraction analysis to determine the 
crystal structure. 

Magnetite, Fe,;0,, and alpha- and gamma-ferric oxides 
can be identified in this way. 


SIZING OF BASE 


Some tapes as received were found to contain traces of 
compounds that could not be subsequently detected in their 
components after separation. Such traces may be due to 
adhesives used for sizing the base polymers (see Table IIT). 
Here the evolution of hydrogen cyanide on heating the 
complete tape, but not the components, suggests the pres- 
ence of a nitrile sizing agent. 
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Photo - Sensitive Resistor in an Overload -Preventing Arrangement” 


J. Ropricurs pe Mrranpat 


N.V. Philips’ Gloeilampenfabricken, Eindhoven, The Netherlands 


The signal from a preamplifier or tuner is supplied to the input terminals of the power amplifier 
by means of a voltage dividing network, the element in parallel to these input terminals being a 
photo-sensitive resistor of new design. Facing this photo-resistor in a light-proof enclosure is a 
neon lamp connected to the output of the amplifier. A neon lamp ignites at a fixed voltage, and 
the value of the photo-resistor resistance will begin to decrease as this voltage is reached. Conse- 
quently, the input signal to the amplifier will be decreased as well, making overload substantially 


impossible. 


PROPERTIES OF THE CdS PHOTO-RESISTOR 


NE of the more recent photo-sensitive devices is the 

sintered cadmium sulfide (CdS) photo-resistor. The 
properties of these resistors and some of their applications 
have been described extensively by de Gier et al.’ 

As is the case with all nonconductive solids, practically 
all of the electrons in CdS (dark) are bound to the nuclei 
of the atoms which make up the crystal. However, when 
radiation (light) falls on the substance, the energy of this 
radiation is absorbed by some of the outer electrons with 
the result that their binding force becomes smaller and 
they behave as free electrons, and the CdS becomes con- 
ductive. The conductivity will depend on the amount of 
radiation absorbed. After some time the “free” electrons 
are recaptured. If radiation continues to fall on the mate- 
rial an equilibrium is reached where just as many electrons 
are recaptured as are set free. With stronger radiation the 
equilibrium will move toward a higher average number of 
free electrons. 

Thus, CdS can be used as a variable resistor, the value 
being controlled by the amount of light falling on it. The 
variation in resistance can be quite considerable: a typical 
photo-resistor has a “dark” resistance of 100 meg and a 
“light” resistance of 100 ohms; a variation ratio of 1:10°. 
Another property which is of importance for the subject of 
this paper is the time required for these variations to take 
place. As could be expected, the decrease in resistance 
from dark to light is much quicker than the return to the 
dark value because absorbed radiation immediately sets 
free the electrons which then become available for electrical 


* Presented October 9, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 

+ Chief Engineer, Radio Apparatus Development Laboratories. 

1 de Gier, Gool, and Santen, Philips Tech Rev. 20, 277 (1959). 


conductivity, whereas when the radiation is removed, the 
electrons will not recombine with the ions immediately and 
not all at the same moment, but this will take a certain 
time. The time of decrease and increase of resistance is 
shown in Figs. 1 and 2, respectively. (Note: the time-scales 
are different.) The time of decrease depends on the amount 
of radiation. The curve of Fig. 1 has been taken with 
relatively weak light as is obvious from the relatively high 
final resistance. 


APPLICATION OF A PHOTO-RESISTOR AS A 
VOLUME CONTROL 


It is apparent that, among other applications, the CdS 
cell can be readily applied as a volume control device for 
an amplifier by combining it with a small lamp, through 
which the current can be regulated. The circuit diagram of 
a simple device of this kind is shown in Fig. 3. 

The time that is needed to decrease the resistance to 
1/10th of a certain value depends on the initial value as is 
shown in Fig. 1. It takes about 1 msec for the resistance 
to drop from 10 to 1 meg, but another 5 msec to reach the 
value of 0.1 meg. 

The recovery time is much longer and can, depending on 
the treatment of the material during production, be any- 
where between 0.1 and 2 sec (see Fig. 2). When the photo- 
resistor Re is illuminated, the input signal drops noticeably 
as soon as the value of Re becomes smaller than that of R;. 

In Fig. 3 the manual control is obtained by means of 
variation of R;, which controls the amount of light falling 
on Rs. Resistor Rs can obviously be at a considerable dis- 
tance from the photo-resistor, a distance not restricted by 
factors influencing audio frequency considerations such as 
capacity between conductors in a cable. As a matter of 
fact, an additional advantage of a CdS volume control would 
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be that the controlled resistor can be located at the most 
favorable point from a circuit point of view while the con- 
trolling resistor R; can be mounted at a place for most 
convenient handling. More detailed information on a 
manual volume control of this type can be found in the 
previously mentioned reference." 


THE CdS PHOTO-RESISTOR IN AN AMPLITUDE- 
LIMITING DEVICE 


Another application of this CdS photo-resistor, which will 
be the main subject of this paper, is as an amplitude- 
limiting device. Some of the properties of CdS photo- 
resistors make an element of this kind very suitable for 
preventing overload of an audio amplifier. The character- 


—+» Resistance 
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—»t (msec) 


Fic. 1. The decrease in resistance of a CdS photo-resistor as a 
function of time after relatively weak light illumination is applied. 


istics of the device to be described are comparable to those 
usually referred to as peak limiters. 

There might be a difference of opinion about some of the 
required properties of a limiter, but it is thought that the 
following characteristics will always be considered as ad- 
vantageous. 

1. The device should have no influence whatsoever below 
a certain predetermined output level. 

2. Above this threshold it should decrease the output 
very rapidly below the overload level. 
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Fic. 2. The increase in resistance of a CdS photo-resistor as a 
function of time after relatively weak light illumination has been 
removed. 


3. When the signal drops below this threshold, the device 
should slowly become inoperative. 

The demands 2 and 3 can be described as a short attack 
time and a long recovery time, respectively. 

A photo-sensitive resistor such as a CdS cell has by its 
very nature the properties 2 and 3 as will be clear from 
the account given of the phenomenon of photoconductivity. 

We can make use of these properties in the following way: 
Control of the output of an amplifier can be effected by the 
volume control at the input, e.g., in Fig. 3 by changing the 


Fic. 3. Circuit diagram showing the use of a photo-resistor R: and 
a small incandescent lamp as a volume control in an amplifier. 
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PHOTO-SENSITIVE RESISTOR IN AN OVERLOAD-PREVENTING ARRANGEMENT 


value of R». And, if this resistance is a CdS cell, a lower- 
ing of the output level may be obtained by illuminating 
this cell. In order to get a limiting action, we have to 
establish a connection between the output power, or voltage, 
and the illumination of this cell. It was found that this 
link can be realized in a very simple way by using a neon 
lamp, ignited by the output voltage. 


QUASI-STATIC CONDITIONS 


As is well known, a neon lamp has a fixed, very constant 
ignition voltage and an extinguishing voltage which has a 
slightly lower value. If the photo-electric CdS cell and the 
small neon lamp are built together in a light-proof enclosure, 
the CdS cell being connected as R» in Fig. 4, the full input 
voltage will be applied to the first grid of the amplifier as 
long as the neon lamp is not ignited; i.e., the output voltage 
does not exceed a certain predetermined value. As soon as 
this value is reached and the lamp ignites, the resistance of 
the CdS cell drops. As a consequence the input voltage de- 
creases to a value which corresponds to an output voltage 
just a little above the ignition voltage such that the light will 
just keep burning. If the initial input voltage increases 
still further, the output voltage rises only a slight amount. 
In other words a rigid limit is set to the output voltage as 
is illustrated in Fig. 5. 


RAPIDLY CHANGING CONDITIONS 


The decrease of the input voltage occurs very quickly 
due to the almost immediate ignition of the neon lamp and 
the rapid decrease of resistance of the CdS cell. The return 
to the original condition (when the input voltage to the 
complete system is decreased) is relatively slow for the 
reasons explained earlier. The behavior of this limiting 
device under rapidly changing conditions occurring during 


> Dee 


UM 


Fic. 4. Circuit diagram showing the use of a photo-resistor R» and 
a neon lamp in a peak limiting amplifier. 
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Fic. 5. The peak limiting characteristic of the circuit in Fig. 4. 
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a music program in which peaks are followed by weaker 
passages is almost completely determined by the properties 
of the CdS cell and not, as is the case with other limiting 
devices, by RC elements. If a sudden peak reaches the 
output terminals the control action takes place in a couple 
of milliseconds. If no further peaks follow, the regulation 
becomes noneffective, the volume is “turned back,” rela- 
tively slowly, to its original setting. Therefore this device 
operates as an almost ideal limiter: there is no influence 
whatsoever before overload starts to take place. When 
there is an overload signal, the device functions in a manner 
equivalent to very rapidly turning down a volume control. 
When the overload condition no longer exists, the device 
relatively slowly returns to its normal operating condition. 
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Maximum Peak Velocity Capabilities of the Disk Record” 


J. W. Starrorp 


Westrex Corporation, Hollywood, California 


A theoretical study of the physical factors which limit the maximum peak velocity over the 
usable frequency range in disk recording shows there are three regions involved. At low frequencies 
amplitude is the controlling factor, at intermediate frequencies the geometrical shape of the cutting 
stylus limits the velocity, and at high frequencies the tip radius of the reproducing stylus becomes 
the limiting factor. These geometrical parameters are then related to the capabilities of the Westrex 


3C StereoDisk recorder at various speeds. 


INTRODUCTION 


ip ALL methods of sound recording there are certain 
physical characteristics that limit recorded levels that 
can be attained. In the case of the disk method, this upper 
limit is determined by the geometrical relationship of such 
factors as speed of rotation, groove diameter, number of 
grooves per inch, shape of cutting stylus, curvatures of re- 
corded waves, and tip radius of the reproducing stylus. 
Although there are other considerations, such as harmonic 
distortion, amplitude distortion, and intermodulation dis- 
tortion that restrict levels for high-quality reproduction, in 
this analysis the upper limit will be based on the geometrical 
factors only. 

These limits are of value in the design of recording and 
reproducing equipment as they indicate the absolute maxi- 
mum attainable and therefore determine power require- 
ments of the various components of the system. They 
should not be used as a criterion for maximum level in high- 
quality sound recording. 


ASSUMPTIONS 


In order to derive definite values, several assumptions will 
be made. Only the 45-45° type stereo recording will be 
referred to, and the analysis will be made on that basis. 
The theoretical maximum modulation limits will be based 
on the following parameters: 

1. Disk speeds: 

334% rpm 
45 rpm 
78 rpm 
2. Groove diameters: 
4% in. at 33% rpm 


* Presented March 8, 1960 at the Seventh Annual Western Conven- 
tion of the Audio Engineering Society, Los Angeles, California. 


4% in. at 45 rpm 
3% in. at 78 rpm 

3. 100 lines per in. groove pitch. 

4. Minimum groove width of 0.001 in. 

5. A microgroove cutting stylus with zero burnishing 
facet. 

6. Reproducer stylus of 0.0005 in. tip radius. 

These values represent average conditions currently used 

in the commercial recording of stereo disk records. Obvi- 


ously, if required, other values could be substituted in the 
derived formulas. 


GEOMETRICAL CONSIDERATIONS 


The maximum levels at various audio frequencies that 
can be recorded and reproduced from grooves cut in a disk 
are primarily dependent on the disk area available and the 
geometrical configurations of the cutting and reproducing 
styli.! Analysis of these factors indicates the maximum 
level as a function of frequency that can be attained. There 
are three properties of the recorded wave that determine the 
upper limits of modulation. They are amplitude, slope, and 
curvature or, in mathematical terms, functions of displace- 
ment from average, the time derivative of the displacement 
or velocity, and the second time derivative of displacement 
or acceleration. These three properties of the recorded wave 
in their limiting action divide the audio spectrum into three 
sections: a low-frequency region in which the maximum 
level is determined by amplitude, an intermediate region 
by velocity, and a high-frequency region by wave curvature. 
The problem, therefore, becomes one of applied geometry. 


AMPLITUDE REGION 
It is quite apparent (Fig. 1) that the peak-to-peak 


1G. R. Yenzer, Audio Eng. 33, 22 (September, 1949). 
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| 
_— a 
MAXIMUM AMPLITUDE 


—" . « PLUS GROOVE WIDTH 


CONSECUTIVE 
GROOVES 


Fic. 1. Amplitude limitation. 


boundaries of a recorded wave must be restricted to a value 
less than the reciprocal of the pitch being used.” To deter- 
mine the maximum amplitude limit, the geometry of the 
groove in the plane of the record surface must be considered. 

If P is the pitch in lines per inch, A is the maximum am- 
plitude in mils, zero to peak, and m is the minimum groove 
width in mils, then the problem is to express A in terms of 
P and m. Assuming the modulation to be symmetrical 
about the average, the wave axis will be at the center of the 
space from the edge of the minimum out to the center line 
between consecutive grooves. If adjacent grooves just 
touch at maximum amplitude and horizontal and vertical 
components are equal, the peak-to-peak amplitude will just 
fill this space. Therefore, for each channel of the stereo 
recording, 

2A = (1000/P — m) /2 
or 
A = (1000/P — m) /4 = 250/P-—1/4m. 


If y = A sin (wt), dy/dt = Aw cos (wt) where » = 2of, 

which became a maximum when cos (wt) = 1. Therefore, 

peak velocity in mils per second = (250/P — 1/4 m) 2zxf or 

peak velocity = [(500/P — m/2)/1000] X af in./sec (1) 

= [(500/P — m/2)/1000] 2.54 X af 

cm/sec. 

Equations (1) give the required limiting peak velocity in 

terms of pitch and minimum groove width for the low- 
frequency region. 


2J. G. Frayne and R. R. Davis, J. Audio Eng. Soc. 7, 147 (1959). 


SLOPE REGION 


When the slope of the audio signal wave form relative to 
the direction of no modulation exceeds a certain amount, 
the heel of the cutting stylus will damage the wall groove 
that is being cut. In order to determine this limiting value, 
the relative velocity components of the cutting stylus in the 
plane of the disk surface and the cutting stylus angles must 
be considered. These parameters are shown in Fig. 2. 
Here, a is the angle between the cutting face and the heel 
face of the cutting stylus. For this analysis it was measured 
by microscope and found to be 43.7°; 8 is the angle between 
Vp and V;; ¢ is the angle between the groove wall being 
cut and the stylus heel face; V, and V; are the radial and 
tangential components, respectively, of stylus velocity rela- 
tive to an unmodulated groove; V» is the resultant of V, 
and V;. The required limiting condition is when ¢ equals 
zero, or when the direction of the resultant velocity V» is 
parallel to the stylus heel face; i.e., when 8 equals (90 —a). 
If D is the diameter of groove in inches, W is the revolu- 
tions per minute of the disk, V; is rDW/60 ips, and 8 = 
tan —1 (V,/V;) = (90—a), then solving for V,: 

V, = V, tan (90—a) (2) 
= (rDW/60) tan (90 —a) ips 
= 2.54 (xDW/60) tan (90 —a) cm/sec. 


Equations (2) give the required limiting peak velocity 
for the intermediate frequency region in terms of disk rpm, 
groove diameter, and cutting stylus rake angle. 


CURVATURE REGION 


The upper frequency end of the audio spectrum is limited 
to a radius of curvature of the groove modulation that is 
greater than that of the reproducing stylus tip. It is not 
difficult to see, as illustrated in Fig. 3, that when the radius 
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Fic. 3. Curvature limitation. 


of curvature becomes less than that of the stylus reproduc- 
ing tip, the stylus can no longer follow the modulation of 
the groove. The analytical problem is to express peak 
velocity as a function of wave curvature. 

The following formula gives the radius of curvature of 
a function in terms of its first and second derivatives: 

R= (1+ [f'(x) ?}°7//"(a). 
In this case f(x) is the groove wave. Let 
f(x) =A sin (kx), 
where A is the maximum wave amplitude, zero to peak, 
k is a constant depending on disk rpm, groove diameter and 
frequency, and x is the distance from origin along the wave 
groove, then 
f'(x) = Ak cos (kx) 
f(x) = —AR? sin (kx) 
so that R becomes 
R= {1+ [Ak cos (kx) ]7}*/[-AF? sin (Rx) ]. 
The absolute value of this expression for R becomes a mini- 
mum when cos (4x) = 0 and sin (kx) = 1; i.e, when kx 
= 7/2 so that 
Rmin = 1/—AR? or |A| = 1/R#?. 

The value of & must now be determined in terms of disk 
rpm, groove diameter, and frequency. The concept of 
wavelength is useful in deriving &. Since x is the distance 
along the groove from the origin, when it becomes one 
wavelength, kx must equal 2 since f(x) is periodic, re- 
peating at integral multiples of 27. 

If W is the rpm of disk, D is the diameter of groove 
being cut, and f is frequency: 

wavelength = groove velocity /signal frequency 
= (W/60) X #D X (1/f); 
therefore, 
k(W/60) X eD X (1/f) = 2 
or 
= (27) /(W/60) (xD) (1/f) 


peak velocity = A X 2xf = (2xf)/Rk* (3) 
= 2nf/R(2r)*/(W/60 K eD X 4) 
= D*(W/60)*2/2Rf{ ips 
= [D*(W/60)*2/2Rf| < 2.54 cm/sec. 
Equations (3) give the required limiting peak velocity 
in the high-frequency region in terms of groove diameter, 
disk rpm, and reproducer stylus tip radius. 


APPLICATION TO 45-45° STEREOPHONIC RECORDING 


The derived equations for limiting peak velocities were } 
applied to the case of 45-45° stereophonic disk recording. 
In applying these equations a correction was necessary, 
since the formulas as derived give velocity components in 
the plane of the disk surface but the stylus is being driven 
at an angle of 45° to the surface. The surface velocity 
component equals the square root of two times the stylus | 
velocity in its driven direction so that values determined 
by Eqs. (1), (2), and (3) must be divided by the square 
root of two to obtain the 45° components. Figure 4 shows 
these limiting values of peak velocities in centimeters per 
second, plotted against frequency for 33%, 45, and 78 rpm 
disk speed. Starting at low frequencies, velocity increases 
until an upper maximum is reached in the intermediate ; 
frequency region where it remains constant until the curva- 
ture limitation causes a decrease in velocity with further 
increase in frequency. 


POWER REQUIREMENTS OF 3C STEREODISK RECORDER 


Figure 5 shows curves of power in watts plotted against 
frequency for a Westrex 3C StereoDisk recorder. The 
broken curve shows the power required to drive a 3C re- 
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A FULL-TRACK, STEREOPHONIC, MAGNETIC RECORD-REPRODUCE HEAD 


corder to a constant peak velocity of 10 cm/sec throughout 
the audio frequency range. The power necessary to drive 
the cutter to the limiting curves shown in Fig. 4 was com- 
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puted from this curve. In the computation it was assumed 
that power at a given frequency was proportional to the 
square of the velocity. The continuous curves show power 
plotted against frequency for the limiting velocities. 

It should be emphasized that these curves show an upper 
velocity limit and should not be used as the maximum level 
limit for high-quality audio recording. By the time these 
limits have been reached, harmonic, amplitude, and inter- 
modulation distortions will have made the recording prac- 
tically useless. 
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A Full-Track, Stereophonic, Magnetic Record-Reproduce Head” 


W. S. LatHAM 


U. S. Navy Underwater Sound Laboratory, New London, Connecticut 


A method for recording two tracks of information across the full width of quarter inch wide 
magnetic tape by superimposing magnetic patterns with a fixed angular relationship is described, 
together with the development of a special magnetic record-reproduce head assembly to accom- 


plish this. 


HE design of magnetic recording devices for use as spe- 
cific scientific tools occasionally leads to ideas which 
foster digressions to explore the adaptability of the basic 


* Presented October 7, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 


principles for other applications. Such was the situation 
which brought about the development of the full-track 
width, dual channel magnetic record-reproduce head assem- 
bly which is the subject of this paper. 

Basically, full-track width, dual channel recording is 
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accomplished by superimposing two magnetic patterns on 
the tape with a predetermined, fixed angular displacement 
between the patterns. If the patterns are recorded in se- 
quence, the second will not distort or reduce the flux laid 
on the tape by the first, and if the proper angular displace- 
ment is selected, cross-talk will be less than that encoun- 
tered with conventional stereophonic phonograph cartridges. 

In order to describe this method of recording in as com- 
prehensive a manner as possible, a review of the performance 
of conventional full-track and half-track magnetic record- 
reproduce heads should first be considered to provide a 
background for comparison. 


If the pole piece width of a magnetic head is halved, the 
cross-sectional area of the core is halved. This doubles the 
core reluctance due to the inverse relationship, and doubles 
the magnetomotive force (mmf) required to produce the 
same amount of flux. 

If the reluctance is doubled, but is not accompanied by a 
change in mmf, the generated flux will be halved, resulting 
in an equivalent reduction in the total flux put on the mag- 
netic tape. Thus, for a given mmf, the energy recorded and 
reproduced with a half-track head would measure half of 
that encountered with a full-track head. Actually, so-called 
“half-track heads” are physically less than half the width 
of a conventional full-track head due to the necessity for 
adequate spacing to provide inter-channel isolation, conse- 
quently the output of the narrow head will be less than 
that of the full track in direct proportion. This usually 
amounts to a difference of 8 db. The full-track stereo- 
phonic head overcomes this by effectively recording each 
channel across more than the normal width of the tape. 

In a magnetic head originally designed to cover the entire 
width of 4 in. tape with its gap perpendicular to the direc- 
tion of tape travel, if the physical dimensions of the core 
and pole piece structure are not changed, relocating the gap 
from perpendicular to some angular position will not change 
the amount of flux put onto the tape, since there has been 
no change in cross-sectional area. Hence, no signal gain 
is achieved with the full-track stereo head. The advantage 
lies in the reduction in noise which accompanies the use of 
a lengthened gap when it is positioned to extend across the 
width of the tape at some optimum angle. The residual 
noise level on a tape is a function of the magnetic hetero- 
geneity of the tape. By increasing the length of the gap 
through angular positioning, many more randomly disposed 
domains will be scanned simultaneously with the statistical 
probability of an average cancellation of all scanned do- 
mains from instant to instant being far greater, hence, de- 
creased residual noise. Assuming a standard, perpendicular 
head gap 0.245 in. in length, a gap placed at 45° with 
respect to this and extending across the full width of the 
same tape would measure 0.346 in. in length. This repre- 
sents an increase in gap length in the order of 1.41 to 1. 
High-frequency components of erased tape noise measured 
3 db lower in level when reproduced with the 45° gap. 


Comparative narrow band spectrum analyses were made 
of bulk erased tape noise as reproduced with the special 
head in the positions shown: 


A 3-db reduction in the higher frequency components of 
the tape noise spectrum was noted with the angular gap, the 
reduction first becoming apparent at 9000 cps with greatest 
reduction occurring at 15,000 cps. 

Similar analyses were performed on bulk erased tape noise 
as reproduced with a conventional head as shown: 


aN 
Ls 
iol 4% “3 

Here, a 1-db reduction in tape noise at the higher fre- 
quencies was noted when the head was repositioned to 45°. 

This comparison proves that a slight high-frequency 
noise reduction does take place when a standard head is 
simply repositioned from 0° to 45°, but it also points out 
that a greater noise reduction is achieved with the special 
longer gap which has the same angular position. Thus, the 
noise reduction, in part, must be due to cancellation of more 
random fields sensed by the longer gap. 

The merits of the dual channel, angular recording process 
were documented with the use of the precision device shown 
in Fig. 1. Basically, it consisted of a magnetic head 
mounted on a platform capable of precision vernier adjust- 
ment in azimuth. Each complete revolution of the cali- 


VEL IN 0B 
L _ 


RELATIVE LE 
F* 


Fic. 1. Magnetic head with vernier azimuth adjustment—front view. 
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Fic. 2. Response and rejection in full-track, dual channel magnetic 
head. 


brated dial represented a change of 3° in the orientation 
of the head gap with respect to a normally aligned position. 
The head could be rotated in azimuth slightly more than 
45° both clockwise and counterclockwise. 

To determine the limits established by this process of 
angular recording, the head was positioned at —45°, sinu- 
soidal signals recorded and reproduced for reference. The 
over-all record-reproduce levels measured with the gap at 
this angle compared exactly with those measured when the 
gap was normally aligned. 

It must be remembered that recordings were made and 
reproduced with the head at 45°, hence there was no de- 
terioration of the high-frequency signal response. The 
author has many frequency response curves and spectrum 
analyses graphs to bear this out. Graphs plotted from data 
recorded and reproduced with the head at 45° are identical 
to similar graphs plotted from recordings made and repro- 
duced with the head at 0°. It is only when a recording is 
made with the head at 0° and then reproduced at 45° that 
there is loss at the shorter wavelengths. The head was 
then repositioned to +45° and the same recording again 


reproduced. The identification of the gap angles as plus 
or minus indicates their relationship to the conventionally 
aligned gap having zero angular displacement; that is, 
} they either lead or lag. These two angles of operation 

were selected on the basis that maximum rejection would 
be achieved when the two magnetic patterns were at 
right angles with respect to each other. Figure 2 illus- 
| trates graphically the results of this test. At the top is 
seen the record-reproduce response made with the gap 
at -45°. Below this is the response measured when the 
same recording was reproduced with the gap at +-45°. 
_ As may be seen from this graph, the limiting factor con- 

cerning cross-talk lies in the blending of magnetic pat- 
/ terns in the two quadrants as the wavelength increases, 
plus the fact that at very long wavelengths, considerable 
gap misalignment results in only slight reduction in repro- 
duced energy. 

Investigation into the cause of the increased cross-talk 
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between 50 and 1000 cps disclosed that with +-45° of mis- 
alignment, second- and third-order lobes were being en- 
countered at these frequencies. Experiment indicated that 
with the gap repositioned to +36°, a first-order null was 
introduced near the center of this region, resulting in the 
increased inter-channel rejection shown by the dotted curve. 
Further tests confirmed the selection of the 36° angle as 
optimum. 

Figure 3 illustrates the fundamental concepts involved 
in the fabrication of a full-track width, dual channel mag- 
netic head assembly. Two individual heads are included, 
having the active gaps angled as desired. Spacers and 
shields of medium permeability, high saturation material 
are an integral part of the assembly. For clarity, the shield 
has been omitted from the illustration. Shielding is neces- 
sary to confine the main source of cross-talk—the fields 
created by bias energy—to paths within the respective cores, 
and to reduce hum-pickup in each head, a possibility due 
to the unbalanced construction. Also shown are the mag- 
netic patterns induced in the tape by the head under dis- 
cussion, as compared with the patterns created by two in- 
line heads. 


Figure 4 illustrates the first head assembly fabricated to 
perform the full-track, dual channel recording function. 
The gaps were oriented at +45° angles with respect to the 
conventional gap position. A 0.001-in. aluminum spacer 
was inserted between the two sections. No additional shield- 
ing was provided, consequently bias coupling between heads 
introduced cross-talk only 15 db down from normal signal 
level. Frequency response was extremely limited because 
of the crude gap dimensions, but this first head assembly 
did provide useful design data. 


Figure 5 shows a more precise head assembly having -45° 
and +36° gaps, approximately 0.0005-in. in width. The 
photograph was taken before the pole pieces were lapped 
in order to emphasize the angular gaps. The magnetic cir- 
cuits of the individual heads are separated by two 0.028-in. 
spacers, which are part of shields enclosing coils and core 
structures. Total separation is therefore 0.056 in. Cross- 
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Fic. 3. Full-track, dual channel magnetic record-reproduce head. 
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Fic. 4. Full-track, dual channel magnetic record-reproduce head— 
Model 1. 


talk due to bias coupling was further reduced by using a 
single bias source and applying the bias through isolation 
amplifiers to one head winding 180° out of phase with that 
applied to the other. This effectively reduced voltages 
generated by electromagnetic coupling between the two coils 
by a factor of 25 to 30 db without disturbing the effective- 
ness of the bias in each individual core structure. 

To substantiate the fact that bias on one head does not 
affect the magnetic pattern put on the tape by the preced- 
ing head, a 1-mil wavelength (15,000 cps at 15 ips) was 
recorded with the gap of the experimental head positioned 
at -45°. This recording was reproduced with the gap at 
the same angle (—45°) and a reading taken of the relative 
amplitude. The tape was then rewound, the gap reposi- 
tioned to +36°, and, with normal recording bias and signal 
applied to the head, the tape was re-run over the head, 
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Fic. 5. Full-track, dual channel magnetic record-reproduce head— 
Model 2. 


subjecting the previous recording (made at —45°) to the 
bias field now at +36°. 

The tape was again rewound, the gap repositioned back 
to -45°, and the tape reproduced. The reproduced level 
of the 1-mil wavelength measured the same as when the 
recording first had been reproduced—there was no reduc- 
tion in level due to bias and signal being superimposed upon 
it at the other angle. 

Figure 6 compares the cross-talk in the full-track, dual 
channel magnetic head assembly, with that encountered 
with two in-line heads, and a commercial, magnetic, stereo- 
phonic phonograph cartridge. The latter curve is repro- 
duced as published by the manufacturer. The three curves 
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represent the cross-talk introduced into channel B as a re- 
sult of normal levels present in channel A. For more con- 
venient comparison, they have been normalized to a flat 
response in channel A, represented by the 0-db line at the 
top of the graph. It should be remembered in making com- 
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parisons that the phonograph cartridge curve illustrates 
response to a dual channel recording made by another 
transducer, whereas measurement recordings were made and 
reproduced by each of the two magnetic head assemblies. 

It may be surmised from this discussion that the full- 
track, dual channel method of recording offers few advan- 
tages over the conventional narrow, adjacent track method, 
and that the precise, angular gap orientation would be diffi- 
cult to achieve economically in production. This may be 
true to a certain extent as far as commercial entertainment 
aspects are concerned, but application of the principle to 
scientific problems involving techniques for enhancing pulse 
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recognition in the presence of relatively high noise levels is 
being investigated making use of the increased cancellation 
of random noise inherent in the longer, angular gap concept. 
The simulation of directionality by reproducing material 
conventionally recorded from omnidirectional transducers 
with a reproduce head having variable angular gap displace- 
ment is already in practice. The application of angular 
gaps in magnetic reproduce heads to create defined low-pass 
filtering effects also has been carefully examined. With 
these prospects in view, magnetic heads having adjustable 
as well as fixed angular gaps eventually may become an in- 
tegral part of scientific data processing instrumentation. 
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Precise Measurement of Large Dynamic Response 
Characteristics of Audio Networks* 


Davin S. CocHRAN 
Hewlett-Packard Company, Palo Alto, California 


Measurements at audio frequencies are complicated by the presence of harmonics generated at 
the signal source, by harmonics produced in the network under test if the signal level is too high, 
and by problems from noise and hum if a signal level low enough to avoid harmonics is used. 
Various solutions are discussed. A single instrument is described which provides facilities that 
solve all phases of the problem of the precise measurement of the characteristics of audio networks. 


INTRODUCTION 


RECISION measurement of the frequency-response 

characteristics of an audio network can be very difficult 
if the measurements are to cover a very wide range of am- 
plitudes. The standard method of measurement is to con- 
nect a signal source to the input of the device under test 
and a meter at the output. The signal is set to each fre- 
quency of interest and the indicated output noted. These 
data also may be taken automatically by sweeping the 
signal source over the desired frequency spectrum-and feed- 
ing the output to a recorder which is linked to the sweep. 
A block diagram of a typical swept measurement configura- 
tion is shown in Fig. 1. In many applications this method 
will give good results, but there are areas where a more 
sophisticated measurement technique is necessary. The 
purpose of this paper is to discuss some of the problems 
which make more complex techniques necessary and to de- 
scribe a measuring instrument that enables accurate meas- 
urements where such problems exist. 

The measurement of the response characteristics of sharp 
cutoff band-pass and high-pass filters, for example, presents 
a considerable problem. Because of the rapid transition 


* Presented March 11, 1960 at the Seventh Annual Western Con- 
vention of the Audio Engineering Society, Los Angeles, California. 


between stop band and passband and the wide range of 
difference in their respective transfer properties, precise 
data on response characteristics are difficult to obtain. 


HARMONICS 


The presence of harmonics in the signal generator output 
is one problem area. If harmonics in the test signal have 
significant amplitudes and are within the filter passband, 
these harmonics will deceptively appear to be a signal in 
the stop band. For example, suppose the filter under test 
is specified to be 70 db down in the stop band and the sig- 
nal generator used has second harmonic distortion which 
is 50 db down. If the generator is set to a frequency at 
the upper edge of the stop band, the second harmonic is 
within the filter passband and will show up as a meter 
indication. If the network is a high-pass filter, this har- 
monic will appear to be a shelf 50 db down in the attenua- 
tion region; if it is a band-pass filter, the harmonic will 
show up as a hump 50 db down (see Figs. 2 and 3). In 
both cases, the measurement data will not give a true indi- 
cation of the amount of attenuation the stop band is actu- 
ally offering to the signal, and in the example given, the 
stop-band rejection will appear to be 20 db low. If the 
generator is rich in harmonics there will be a step or a 
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Fic. 1. Typical swept-frequency measurement system. 


hump in the stop-band response at every fundamental fre- 
quency which has a significant harmonic in the passband. 

Harmonics also can be generated in the network under 
investigation. Unless the indicating instrument is very 
sensitive, the required level of signal may be high enough 
to overload the network. When the harmonics generated 
lie within the passband of the filter under investigation they 
will appear to be a signal in the stop band. The response 
curves of Figs. 2 and 3 illustrate harmonic contamination of 
the measurement. The undesired steps and peaks are at fre- 
quencies inversely proportional to the order of the harmonic 
present in the passband. 


NOISE AND HUM 


Because of the limited sensitivity of most indicating in- 
struments and the restriction on signal level imposed by the 
system, noise can be a source of measurement contamina- 
tion. Regardless of whether the noise originates in the 
signal generator, the system under investigation, or in the 
monitoring instrument, the presence of noise may prohibit 
precise measurements in the attenuation region of the net- 
work. If the network under test is a low-pass filter, the 
measurement may be even more difficult when hum is added 
to the contamination. Outside the passband of the network 
the test signal may be completely obscured by high level 
hum and noise. To obtain accurate data, hum and noise 
must be well below the test signal level everywhere along 
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Fic. 2. Effect of harmonic contamination, measurement of high- 
pass filter response characteristics. 


the signal path. A response curve where the degree of at- 
tenuation in the stop band is obscured by hum and noise 
is shown in Fig. 4. 


MEASUREMENT TECHNIQUES 


There are several solutions to these various problems. In 
many instances a high-quality signal generator can be used 
so that the amount of harmonics, hum, and noise appearing 
in the output is negligible. It is difficult to obtain a rela- 
tively pure signal, however, without the use of a narrow 
band filter between the source and the network. Measure- 
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Fic. 3. Effect of harmonic contamination, measurement of band- 
pass filter response characteristics. 


ments using this technique are tedious, because the filter 
must be tuned for each frequency of interest. Also, this 
technique does not reduce the contamination which origi- 
nates in the network under test. A filter at the output of 
the network should take care of undesired signals from both 
the signal generator and the network, but contaminating 
signals within the measuring instrument itself may still 
prohibit accurate readings at low levels. A tuned measur- 
ing instrument can be used, in which case contaminating 
signals from all sources are suppressed. The tuning is in- 
ternal to the voltmeter and because the signal-to-noise ratio 
is excellent over the tuned band, high sensitivity can be 
realized. However, since tracking between the signal source 
and the tuned meter is difficult over a wide frequency 
range, measurements are time consuming. 


WAVE ANALYZER 


The best solution to these several problems is an instru- 
ment which includes a source of audio signals and a tuned 
voltmeter which track together. Such an instrument is now 
available in the new transistorized wave analyzer manufac- 
tured by the Hewlett-Packard Company. The basic design 
of this instrument provides all the features required for the 
accurate measurement of the response characteristics of 
audio networks having large variations of transfer charac- 
teristics with frequency. 

The wave analyzer can be tuned for any frequency in the 
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Fic. 4. Effect of hum and noise contamination, measurement of 
low-pass filter response characteristics. 


20- to 50,000-cps range, and this tuning controls both the 
frequency of the output signal and the pass frequency of 
the tuned voltmeter. The measuring range of the analyzer 
is in excess of 150 db, and its sensitivity is well under 10 pv. 
Selectivity is very sharp; rejection is 80 db down at 70 cps 
off resonance. The equivalent noise bandwidth is 6 cps. 
The amplitude of the output signal is essentially constant 
across the 20- to 50,000-cps range. This feature allows a 
complete sweep of the audio spectrum without periodic 
checking of signal amplitude at the input of the network 
under investigation. 

The measurement configuration and a block diagram of 
the wave analyzer are shown in Fig. 5. The upper branch 
represents the tuned voltmeter circuit and the lower branch 
the signal source. Each branch includes a balanced modu- 
lator. The local oscillator, which is common to both 
branches, produces the carrier voltage. Tracking between 
signal source and voltmeter tuning is obtained: (1) by 
using a carrier which is above the IF frequency by the 
amount of the signal frequency, (2) by setting the signal- 
source modulating voltage for the same frequency (100,000 


vein MODULATOR Le 
AMPLIFIER AMPLIFIER 
SELECTIVE at 
neta pa METER 
UNDER TEST OSCILLATO 

FIXED 

stosmsiet MODULATOR 

AMPLIFIER OSCILLATOR 


SYSTEM INCLUDING BLOCK DIAGRAM 
OF TRANSISTORIZED WAVE ANALYZER 
Fic. 5. Measurement configuration and block diagram of wave 
analyzer. 


cps) as the tuned IF amplifier in the voltmeter branch, and 
(3) by using the output of the signal source as the modu- 
lating voltage in the voltmeter branch. 

For example, if the wave analyzer is set for 1000 cps, 
the local oscillator will put out a signal of 101,000 cps. 
This signal will be modulated by the 100,000-cps signal 
from the fixed oscillator, and the difference frequency 
(1000 cps) will appear at the analyzer output. After going 
through the network under test, the 1000-cps signal is used 
to modulate the 101,000-cps from the local oscillator. Only 
the 100,000-cps difference frequency is used. It is filtered 
in a network of 100,000-cps crystal filters, and amplified in 
the sharply tuned IF amplifier. The resulting voltage, 
which has excellent signal-to-noise characteristics, is recti- 
fied and metered. 

An automatic sweep mechanism is available as an acces- 
sory to the wave analyzer. This feature makes even more 
rapid measurements possible. Sweep range can be ad- 
justed anywhere within the range of the analyzer (20 to 
50,000 cps). Two sweep speeds are provided, 5 cy/sec/sec 
and 250 cy/sec/sec. A dc output taken from the meter 
circuit permits an external dc recorder to be used. If the 
recorder output from the analyzer is connected to the Y 
axis of an X-Y recorder, and the output from the sweep cir- 
cuit is connected to the X axis, a plot of amplitude vs 
frequency can be made over the spectrum of interest. 


CONCLUSIONS 


Precise measurement of audio network characteristics 
have been, up to the present, an extremely tedious process. 
With the convenient tuning feature and excellent signal-to- 
noise ratio available in the wave analyzer, however, it is 
now possible to make such measurements easily and rapidly 
with an accuracy heretofore difficult to obtain. 
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The Use of 35-mm Sprocket-Type Magnetic Film in 
Recording Phonograph Masters” 


Joun G. Frayne! anv J. W. STaFForD 


Westrex Corporation, Hollywood, California 


This paper discusses the use of perforated 35-mm magnetic film as the recording medium in 
preparing phonograph masters; the Westrex 35-mm system is described. Performance character- 
istics are given. A comparison of 35-mm magnetic film versus %4-in, magnetic tape relative to 
flutter, signal-to-noise ratio, print-through, modulation noise, and intermodulation distortion is 


given. 


INTRODUCTION 


LTHOUGH not in general use in the disk recording 
industry, 35-mm perforated magnetic film offers many 
advantages as the transfer medium from original audio 
signals to the final master disk recording. Its flutter, signal- 
to-noise ratio, modulation noise (noise behind the signal), 
print-through and intermodulation distortion characteristics 
are excellent and, as demonstrated by its use in the motion 
picture industry, ease of handling and particularly editing 
make it a useful recording medium. Data comparing per- 
formance characteristics to %4-in. tape recording will be 
given. Finally, as an example of 35-mm perforated mag- 
netic film as the transfer medium in the preparation of 
stereo disk masters, the system used by Mr. Harry Belock 
at the Belock Recording Studios will be described. 

The Westrex magnetic film recording system as used in 
the motion picture industry has been described completely 
in a paper by Crane.' However, a review of salient points 
will be given here. 


DESCRIPTION OF 35-mm EQUIPMENT 


The recorder and its associated transmission system are 
designed to record three 200-mil tracks on standard per- 
forated 35-mm film at a speed of 90 fpm. 

The principal components of the studio recorder (shown 
in Fig. 1) are mounted on four vertical panels which in turn 
are flushmounted in a special equipment cabinet. The top 
panel contains the film-reel feed spindle, an idler roller, a 


* Presented October 7, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 

t Now Manager of Development Engineering, Datalab Division of 
Consolidated Electrodynamics Corporation, Pasadena, California. 

1G. R. Crane, J. Soc. Motion Picture Television Engrs. 66, 59-63 
(1957). 
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feed shock roller, the rewind start-stop switch, and the re- 
wind speed control. The second panel contains the film- 
pulling mechanism? including the magnetic record and re- 
produce heads, a film-operated footage counter with a 
manual reset, a take-up shock roller, and a running position 
mechanical filter adjusting control. The third panel con- 
tains the system power switch and the motor control. The 
fourth panel contains the film-reel take-up spindle and a 
group of three jacks pertaining to the monitor and test 
output circuits. 

The lower section of the recorder cabinet contains an 
equipment mounting plate to accommodate three amplifiers 
which are used for film monitoring or reproduction from 
film. A magnetic head assembly contains a three-track 
record head, a three-track reproduce head, and a variable 
resistor connected across each reproduce head for the pur- 
pose of adjusting differences in the high-frequency response 
among the heads. A magnetic shield is mounted between 
the record and reproduce heads. 

Although a number of motor drives are available, the one 
usually supplied consists of a 1200-rpm, interlock-synchro- 
nous, 230-v, 3-phase, 60-cps motor, which is operated in 
composite interlock with a similar motor in the master 
reproducer, the system motor-control switches being located 
on the latter equipment. The advantages of the composite 
over a standard synchronous motor are that it provides 
three possible modes of operation: It can operate as an 
independent synchronous motor, as a synchronous interlock 
motor, and as a distributor interlock motor. 

The transmission components of the system are mounted 
in a separate cabinet. The input impedance of each record 
channel is 600 ohms and a 100% signal can be delivered 


2C. C. Davis, J. Soc. Motion Picture Television Engrs. 46, 454-464 
(1946). 
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THE USE OF 35-mm SPROCKET-TYPE MAGNETIC FILM IN RECORDING PHONOGRAPH MASTERS 


Fic. 1. RA-1552-F re- 
corder for three-track 35- 
mm magnetic film. 


to the record head with the input set at any level from 
approximately +8 to -22 dbm. The three recording chan- 
nels are identical. The circuit of each channel proceeds 
from the input terminal strip through a recording attenuator 
which has 20 1-db steps. The circuit then goes through a 
low-frequency pre-equalizer which may be strapped for 
three conditions of pre-equalization. A choice of no pre- 
equalization, a rise at approximately 2.5 db at 50 cps, or 
standard CinemaScope low-frequency equalization (approxi- 
mately 6.5 db at 50 cps) may be obtained. An amplifier 
follows which is provided with an internal gain switch to 
give either 40 or 50 db of gain. A volume indicator is 
connected across the output of the amplifier. 

The range switches for the three volume indicators are 
ganged so that a single control sets the same sensitivity 
range for all-three volume indicators. A 5-db attenuator 
with 0.5-db steps follows the output of the amplifier. This 
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attenuator is used only to balance the level for uniform 
sensitivity among the magnetic heads so that with a fixed 
studio level at the volume indicator, all of the magnetic 
heads will produce fully modulated tracks. The circuit 
then proceeds through a network which in conjunction with 
the inductance of the magnetic heads produces a normal 
high-frequency pre-emphasis characteristic with a 6-db rise 
at 10 kc, although other values are available by adjustment 
of an RC combination. The recording circuit then goes 
through a low-pass filter, the function of which is to pre- 
vent the 60-kc bias from getting back into the amplifier or 
volume indicator circuits. Bias current from a common 
oscillator is applied to the three recording circuits at the 
outputs of the bias filters. Each circuit has a separate bias 
adjusting rheostat as well as a bias meter. The recording 
circuit proceeds through a metering resistor and to the 
output terminals which are interconnected with the recorder. 
Power is supplied to the system from conventional power 
units and will not be described. 


OPERATING CHARACTERISTICS 


The above described system using a 0.25-mil gap repro- 
duce head has an over-all record-reproduce frequency re- 
sponse essentially flat from 50 to 12,000 cps, falling off 
slightly above 12,000 cps so that at 15,000 cps the response 
is down about 3 db. The signal-to-noise ratio is better than 
57 db, and the crosstalk ratio between tracks is about 48 
db. Total flutter and wow is about 0.06% zero to peak, 
mostly in the range of sprocket hole frequency; i.e., 96 cps. 
This reduces to approximately 0.04% when measured in 
accordance with ASA Z57.1-1954. For 100% modulation 
the level at 1000 cps into the recorder is +-16.5 dbm, the 
corresponding output from the reproduce amplifier being 
—2 dbm for three balanced tracks. 


35-mm FILM COMPARED TO '4-in. TAPE 


Materials used for these comparisons were full-coated, 
standard perforated 35-mm magnetic sound recording film 
on 5-mil cellulose acetate base and '4-in. low print mag- 
netic tape on 1.5-mil cellulose acetate base. Rolls of 1000 
ft for the former and 1200 ft for the latter with speeds of 
18 and 15 ips were used. 

Flutter measurements were made near the beginning, the 
middle, and at the end of the rolls to get an average value, 
and also to determine the effect, if any, on flutter caused 
by the tension changes due to diameter change of feed and 
take-up rolls. 

In the case of the perforated film, since it is metered 
into and out of the mechanical filter and record-reproduce 
head assembly by a sprocket engaged in the sprocket holes, 
there was no noticeable change in per cent flutter through- 
out the roll. As is to be expected, most of the flutter present 
was in the band which included 96 cps or sprocket hole 
frequency. Total zero to peak flutter, ie., from 1 to 200 
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TasLe I. Per cent total zero to peak flutter. 


Position in reel 


Start Middle End 
7-in. plastie reel 0.1 to 0.2 0.08 to 0.13 0.04 to 0.08 
10144-in. NARTB reel 0.08 to 0.17 0.06 to 0.08 0.06 to 0.11 


cps, measured 0.06% independent of the position in the roll. 

Preliminary flutter tests on '%4-in. tape indicated that 
flutter varied with roll position, so tests were made using 
the small 7-in. plastic reels with 2'4-in. hubs as well as the 
standard 10%-in. NARTB reels with the larger 4%-in. 
hubs. As shown in Table I, flutter values varied from a 
maximum of 0.2% down to as little as 0.04%. In general, 
the standard 10%-in. NARTB reel gave the most consistent 
measurements, due, no doubt, to the larger hubs and the 
correspondingly smaller diameter change from start to end 
of the roll. The worst condition was at the start of the 
7-in. reel where there is excessive take-up tension working 
against the constant speed driving puck. 

Signal-to-noise ratio was measured by recording a 1000- 
cps tone at the 3% harmonic distortion level and then with 
the tone keyed off running the equipment for sufficient time 
to allow measurement of noise. After rewinding, both tone 
and unmodulated track were reproduced and levels noted. 
The noise measurement, therefore, includes the contributions 
by bias, erase system, as well as magnetic medium per se. 
Furthermore, the comparison is 200-mil track at 18 ips to 
72-mil track at 15 ips, so that values given do not show 
information storage potential per unit area of the medium 
but rather values which depend on the particular manner 
in which the medium is actually used (see Table II). A 
two-channel stereophonic recorder which employs two 72- 
mil tracks on 4-in. tape was used for the tape measure- 
ments. 

The phenomenon of magnetic print-through or transfer 
of signals to adjacent layers of a roll of tape or film and 
methods of measurement are well known* and will not be 
discussed other than to give measured values for various 
conditions. 

In the case of-35-mm film, the signal-to-noise ratio 
through the band pass filter, with biased unmodulated film 
running, was 76 db. Print-through was measured imme- 
diately after running, after standing for 65 hr at room 
temperature (75 to 90°F) and after standing 9 days at room 
temperature. 

In the case of %-in. tape, preliminary tests confirmed 
data taken several months ago so the original data are 
given (Table III). Signal-to-noise ratio through filter was 
80 db. Measurements were made immediately after re- 


TABLE II. Signal-to-noise ratio. 


35-mm film — 200-mil track — 18 ips — ratio 57 to 59 db 
\4-in. tape — 72-mil track — 15 ips — ratio 58 to 61 


%L. J. Wiggin, J. Soc. Motion Picture Television Engrs. 58, 410- 
414 (1952). 
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cording, 16 hr after standing at room temperature, and after 
military specification,* Mil-T-0061, which is, briefly, raising 
temperature to 150°F after recording and allowing to stand 
for 4 hr. 

All measurements were made relative to the 3% harmonic 
distortion level. 

Modulation noise (noise behind the signal) is defined as 
the noise caused by the signal. The signal is not to be in- 
cluded as part of the noise. The noise is a function of the 
signal and increases with increasing amplitude. It is also 
a function of frequency, becoming greater as the upper 
range of the audio spectrum is approached. The frequency 
relationship, however, is probably more strictly one of 
wavelength along the magnetic medium. A method of 
modulation noise measurement offers several difficulties, so 
that good quantitative data are not readily available. 


TaBLe III. Print-through data. 


Meas. immed., After 65 hr, After 9 days, 
35-mm film db db db 
Preprint-through —68 —67 —65 
Post-print-through -69 -71 —67 


Meas. immed., After 16hr, After Mil-T-0061, 
%4-in. tape db db db 


Preprint-through -61 -60 —54 
Post-print-through —58 -57 —50 


Modulation noise must be separated from the constant 
system and medium noise. This can be accomplished by 
recording a pure sine wave, then reproducing through a 
band rejection filter that rejects the recorded wave and 
measuring the remaining output noise with the sine wave 
on and off. This, however, is essentially the method of 
measuring harmonic distortion and since the noise is of a 
lower order of level relative to 100% modulation than the 
harmonic content, the rejection filter would have to reject 
harmonics of the recorded tone as well as the fundamental. 
Considerable time and preliminary tests were involved be- 
fore the method used was achieved. 

A General Radio, type 736-A wave analyzer, was set up 
with a synchronous motor driving the frequency dial so 
that the analyzer would sweep continuously through the 
frequency band being studied. The output meter of the 
wave analyzer was bridged by a dc amplifier followed by 
a chart recorder. Since the chart recorder was driven by a 
synchronous motor, scanning speed and chart speed were 
tied together so that the resulting chart was a plot of fre- 
quency versus wave analyzer reading. The bandwidth of 
the analyzer is very narrow, about 4 cps wide. Scanning 
speed had to be reduced to a low enough value so that the 
chart recorder could follow the voltage change from the 
analyzer. In the final setup, scanning speed was such that 
it took four minutes to cross a bandwidth of 400 cps cen- 
tered at 10 kc. 


4 Military Print-Through Specifications Mil-T-21029, par. 379. 
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THE USE OF 35-mm SPROCKET-TYPE MAGNETIC FILM IN RECORDING PHONOGRAPH MASTERS 


Fic. 2. Modulation noise chart showing noise distribution relative 
to a 10-kc tone recorder on 35-mm magnetic film. 


Checks were made at several frequencies. They show 
that modulation noise increases with frequency. For this 
reason, 10 kc was used as the analysis region. Although 
comparative quantitative data were not obtained, the charts 
show how the noise is introduced. The dotted curve drawn 
on the charts was obtained by scanning the tone directly 
out of the oscillator at the same level into the wave analyzer 
as used in scanning the recorded tone. Figure 2 is the chart 
of a 10-kc tone obtained from 35-mm film, while Fig. 3 is 
from the 4-in. tape. It is interesting to note how the band 
broadens in the immediate region of the 10 kc. Also, in 
the case of 35-mm film there are peaks at 96 cps on each 
side of the 10 kc. This, of course, is sprocket frequency, 
and as shown in the flutter analysis is the main region of 
flutter. In the case of 4-in. tape, the modulation noise is 
nearer the tone band as would be expected from the flutter 
analysis since in this case the region of most flutter was at 
low frequencies. From this analysis it appears that much 
of the modulation noise is actually complex side bands and 
frequency products formed as a result of nonuniform motion 
of the medium in recording and reproducing. 

Intermodulation distortion tests were made using 60 and 
2000 cps at a 4 to 1 amplitude ratio. Intermodulation dis- 
tortion as a function of recorded level is shown in Fig. 4. 
Both the 35-mm film and the ™%-in. tape values start at 
11%, corresponding to 3% harmonic distortion, and de- 
crease with decreasing recorded level to a minimum, which 
in the case of %4-in. tape was 3.5% while in the case of 
35-mm film it was 0.8%. 

As mentioned before, tests on the %4-in. tape were made 
with narrow stereophonic tracks, and therefore, the char- 
acteristics given here should not be considered as perform- 


eee an et 


Fic. 3. Modulation noise chart showing noise distribution relative 


to 10-kc tone recorded on %4-in. magnetic tape. 
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ance capabilities of the tape using a full 4-in. track width. 

Although 5-mil acetate base film has been used through- 
out, it should be pointed out that performance with 3-mil 
Mylar base film is completely satisfactory. Recent com- 
parative tests with the thinner base film show excellent 
stability, flutter, and response characteristics. 
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Fic. 4. Intermodulation vs recording level for both 35-mm film 
and 4-in. tape magnetic recording. 


BELOCK RECORDING STUDIOS SYSTEM 


In the Westrex installation at Belock Recording Studios, 
the original recording is made on Westrex three-track, 35- 
mm magnetic film equipment with a protection recording 
on %-in. Ampex tape equipment. 


When recordings are 


Fic. 5. Westrex 35-mm three-track magnetic recording portable 
unit (Everest Records). 


made away from the studio, the RA-1532 Westrex portable 
three-track magnetic recorder is used and the associated 
Westrex RA-1524 mixer is employed. Figure 5 shows two 
of the RA-1524 mixers being used in order to provide a 
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Fic. 6. Main recording room showing two Westrex 35-mm three- 
track recording machines (Everest Records). 


six-microphone pickup, the portable recorder being shown 
on the right of the figure. When the recording is done in 
the studio, the original tracks are made on the Westrex 
RA-1552 recorder shown in Fig. 1. 

Upon completion of the original recording, a one-to-one 
copy is made on 35-mm magnetic film which is stored in 
the vault for protection purposes. At this point, the /%2-in. 
protection tape is degaussed. The original 35-mm film is 


Fic. 7. One of the Everest’s disk recording rooms showing a special 
Westrex 35-mm three-track reproducer and associated equipment. 


edited and cut using a Moviola equipped for three-track 
magnetic reproduction. The cuts are butt-spliced with 
Mylar tape backing. 

The next step is to re-record from three-track cut film to 
a new three-track master. This new master is then used 
for direct transfer to the stereophonic and monophonic 
phonograph masters. Also, the three-track master is used 
for making a two-track tape master for both two-track tape 
as well as four-track tape releases. 

Figure 6 shows two Westrex RA-1552-F three-track re- 
corders and their associated RA-1565-E transmission cabi- 
nets as installed in the main recording room. Figure 7 
shows an RA-1551 three-track reproducer as installed in 
one of the disk recording rooms. 
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Some Characteristics of 
a Variable Transmission Network for Audio Signals” 


Jacos KLApPER AND Cyrit M. Harris 


Electronics Research Laboratories, Columbia University, New York 


The transmission network described is comprised of a multiplicity of contiguous filters. The 
crossover points of the responses of adjacent filters are at the 3-db down value. The inputs to all 
filters are connected together and their outputs terminate in an adder circuit. By providing an 
adjustable gain for each filter, a variable transmission characteristic is achieved. The filters were 
chosen to be Gaussian (i.e., their amplitude response characteristic closely approximates the shape 
of the Gaussian probability curve) because this type of filter has an excellent transient response 
and a linear phase response. This paper discusses some of the characteristics of the over-all trans- 


mission system. 


|. INTRODUCTION 


pe block diagram of the transmission system discussed 
in this paper is shown in Fig. 1. It is comprised of a 
multiplicity of contiguous filters. The inputs to all filters 
are connected together while the outputs are connected to 
an electronic operational adder circuit. Thus the output 
voltage of the transmission system is the sum of the voltage 
outputs of the individual filters. All filters have the same 
bandwidth; the steady-state amplitude responses of adja- 
cent filters meet at their respective 3-db down values, i.e., 
the low frequency 3-db point of filter 2 is at the same fre- 
quency as the high frequency 3-db point of filter 1, etc. 
Associated with each filter is a 60-db variable attenuator 
which enables one to vary the gain of each filter circuit; 
a variable transmission characteristic for the system is 
achieved by the adjustment of these attenuators. The op- 
erational adder circuit provides for the addition of the in- 
stantaneous output amplitudes of the individual filters and 
ensures that the outputs of the filters work into a very low 
impedance so that there is no interaction between the indi- 
vidual filters. 


ll. WHY THE GAUSSIAN RESPONSE WAS SELECTED 


An ideal variable transmission network may be defined 
as one which is comprised of an infinite number of contigu- 


. ous filters, each having an infinitesimal bandwidth; each 


filter is required to have no attenuation in the passband, an 
infinite attenuation in the stop band, and a linear phase 
response. In addition, in an ideal system, the phase re- 


* Presented October 9, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 
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sponse of the over-all system must be linear. However, in 
practice, it is impossible to realize fully any of these re- 
quirements. One can neither have an infinite number of 
discrete contiguous filters with an infinitesimal bandwidth 
nor produce a filter whose amplitude response is exactly 
rectangular in shape; i.e., a filter which has no attenuation 
in the passband, infinite attenuation in the stop band, and 
a linear phase response. The most popular approximations 
to the rectangular shape are those achieved by means of 
the Butterworth or Tchebycheff polynomials. These filters, 
however, greatly distort the wave shape of transient signals 
and have nonlinear phase responses. The filters we are 
using are Gaussian; i.e., the amplitude response character- 
istic of the individual filter is designed to closely approxi- 
mate the shape of the Gaussian probability curve. This 
curve which has the shape of a bell is shown in Fig. 2. 
Gaussian filters were chosen because of their excellent tran- 
sient response characteristics and linear phase responses; a 
linear phase response is important because it implies that 
each frequency component of a complex wave is delayed 
an equal amount in time, and therefore, for a given trans- 
mission characteristic the distortion of transients is mini- 
mized. The above approximations to a rectangular trans- 
mission characteristic (for the same order of circuit com- 
plexity) result in filters having an amplitude response cutoff 
that is sharper than Gaussian, but they have poorer tran- 
sient characteristics. Where the response to transient sig- 
nals is of importance, a compromise must be made in the 
sharpness of the filter’s amplitude response cutoff. The 
Gaussian shape is the optimum compromise, as shown below. 


The distortion of transients may be defined in terms of 
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the response of the filter to an impulse function. Since the 
impulse has, ideally, no time spread, the distortion is meas- 
ured by the time spread of the response to the impulse. 
This time spread may be defined in terms of its mean-square 
value (At)*. Accordingly, a minimum value for (At)? 
signifies a minimum amount of wave-shape distortion. The 
time spread of the impulse response increases with increas- 
ing frequency discrimination of the filter; i.e., with increas- 
ing sharpness of the amplitude response cutoff. A way of 
defining sharpness of the amplitude response cutoff is by 
means of the mean-square value of the amplitude response 
spread (Aw)*. A minimum value for (Aw)? is equivalent 
to a maximum sharpness of the amplitude response cutoff. 
Exact definitions for (At)? and (Aw)* are given in an earlier 
paper’ which treats the responses and advantages of Gaus- 
sian filters in detail. It is the property of the Gaussian 
filter that it has a minimal value for the product (At)? 
(Aw)? or the sum (At)? + &(Aw)? where & is a weighting 
constant. It is in this sense that the Gaussian filter may 
be considered an optimum filter for transients. 
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Fic. 1. Block diagram of variable transmission network. 


The step response of a Gaussian filter has no overshoot, 
no ringing, no smear, and an excellent rise-time. The 3-db 
bandwidth rise-time product is 0.343 compared to 0.45 for 
the ideal rectangular filter; in general, this product is even 
greater for an approximate rectangular filter. 


ill. PHASE RESPONSE OF THE OVER-ALL SYSTEM 


In general, one cannot expect the same wave shape at the 
output of a filter as at the input, since some frequency com- 
ponents may be missing at the output due to the filtering 
action. However, this wave-shape distortion should be 
minimized to the point where it is caused only by the miss- 
ing frequency components and not by phase distortion. 

In order that the phase response of the variable trans- 
mission system be linear, the following restrictions were im- 


1. The phase response of each individual filter must be 
linear. Phase response linearity of the filters is achieved 


1 J. Klapper and C. M. Harris, IRE Trans. on Audio AU-7, 80-87 
(May-June, 1959). 
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Fic. 2. Gaussian filter amplitude response. 


here by the use of a Gaussian amplitude response. 

2. The bandwidth of all filters is the same. 

3. The slope of the phase response of all filters is the 
same. This is obtained since the filters are of the same 
type and have a constant bandwidth. 

4. The center frequencies of the filters are equally spaced. 

5. The phase shift between the filter center-frequency and 
the frequency at which it overlaps with the adjacent filter is 
w-radians. Our realization of this restriction is based on 
the following considerations. It is impossible to realize a 
filter with an amplitude response which is exactly Gaussian 
over the whole frequency spectrum. We can only approxi- 
mate the Gaussian shape to any desired degree. The ap- 
proximation and realization method we used yields an am- 
plitude response which is Gaussian down to about —45 db 
and a z-radians phase shift approximately at the 3-db down 
frequencies. It is reasonable to accept the 3-db points as 
the frequency values at which adjacent filters should over- 
lap. Therefore, by causing adjacent filters to overlap at 
their respective 3-db down values, we satisfy this restric- 
tion. The approximation is based on the use of a truncated 
power series expansion of the Gaussian function and is fully 
discussed in the reference given. The schematic diagram 
of the filter is given in Fig. 3. 

6. Since physically realizable filters do not have an infin- 
ite attenuation in the stop band, it is necessary that at each 
frequency of interest, the responses of the individual filters 
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Schematic diagram of an approximate Gaussian band-pass 
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SOME CHARACTERISTICS OF A VARIABLE TRANSMISSION NETWORK FOR AUDIO SIGNALS 


FREQUENCY IN CPS 
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Fic. 4. Frequency response of filters 6 and 7. 


be n2x-radians of phase shift apart, where m is any integer, 
including zero (i.e., the responses are to be in phase). If 
the responses are not in phase, the resultant phase of the 
system is not only a function of the phases of the individual 
responses but also of their relative amplitudes, since the 
resultant is obtained by means of a phasor addition. This 
is unacceptable because the relative amplitudes of the filter 
responses are a nonlinear function of frequency. We may 
exclude from this in-phase requirement responses whose 
amplitudes are very small. The requirement is achieved 
by restrictions 1 through 5. 

The measured values of the phase response of a system 
comprised of two adjacent filters of equal gain are given in 
Fig. 4. Note that its linearity is better than the linearity 
of the phase responses of the individual filters. This is due 
to the fact that the nonlinearity of the phase response of 
the individual filter appears at frequencies at which the 
amplitudes are highly attenuated, and therefore their effect 
on the over-all phase response is small. 


IV. AMPLITUDE RESPONSE OF THE OVER-ALL SYSTEM 


In order that the phase response of the over-all system 
be linear, it is necessary to design the system such that the 
responses of the individual filters are in phase (see restric- 
tion 6, Section III). This fixes the amplitude response of 
the over-all system to be the sum of the amplitude re- 
sponses of the individual filters. It can be shown that for 
a system of ideal Gaussian filters having the same gain, 
bandwidth, and center frequency spacings and overlapping 
points at the 3-db down values, the amplitude response is 
very nearly flat. The maximum deviation from flatness is 
less than 0.03 db. This is very useful since for many appli- 
cations a flat amplitude response in the passband is desir- 
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able. The amplitude response of a system comprised of 
two adjacent filters is given in Fig. 4. Note that the ampli- 
tude response in the passband is monotonously drooping 
and fairly flat between the center frequencies of the filters. 


Vv. CONCLUSIONS 


The variable transmission network described has the fol- 
lowing desirable characteristics: (1) It employs Gaussian 
filters whose response to transient signals is excellent. (2) 
The phase response of the over-all system is nearly linear 
due to the fact that a Gaussian amplitude response results 
in a linear phase response and due to other aforementioned 
design restrictions. (3) A very nearly flat amplitude re- 
sponse in the passband is achievable. 


THE AUTHORS 


Jacob Klapper was born in Poland in 1930. Since his arrival 
in the United States in 1949, he has attended Cooper Union, 
Brooklyn College, and Brooklyn Polytechnic Institute. He re- 
ceived the degrees of B.E.E. from the City College of New 
York and MS. (E.E.) from Columbia University. He has 
held various engineering positions with The Austin Company, 
the Mark Simpson Manufacturing Company, and others. 
From 1952 to 1956 he was an electronics engineer with CBS- 
Columbia. From 1956 to 1959 he was a lecturer in electrical 
engineering at the City College of New York. At present, Mr. 
Klapper is a project engineer at the Federal Scientific Corpora- 
tion and a consultant to the Electronics Research Laboratories 
of Columbia University. 

Mr. Klapper is a member of Eta Kappa Nu, Tau Beta Pi, 
Institute of Radio Engineers, and the National Society of 
Professional Engineers. 

Cyril M. Harris was born in 1917. He received the B.A. and 
M.A. degrees in mathematics and physics, respectively, from 
the University of California at Los Angeles in 1938 and 1940, 
and the Ph.D. degree in physics from the Massachusetts Insti- 
tute of Technology in 1945. In addition to teaching in the 
Department of Physics at MIT from 1940-1945, he engaged 
in defense research under the NDRC. From 1945 to 1951, Dr. 
Harris was in the Acoustics Research Department at the Bell 
Telephone Laboratories. In 1951, he worked with the Office 
of Naval Research, London Branch, as a scientific consultant ; 
following this he spent the academic year 1951-1952 as a 
visiting Fulbright lecturer at the Technical University in Delft, 
Netherlands. Since 1952, he has been an associate professor of 
electrical engineering at Columbia University and in charge of 
acoustics research at the Electronics Research Laboratories. 
He is co-author of “Acoustical Designing in Architecture” and 
editor of the “Handbook of Noise Control.” 

Dr. Harris is a member of Sigma Xi, Tau Beta Pi, a Senior 
Member of the IRE, and a Fellow of the Acoustical Society of 
America and the Audio Engineering Society. 


| ‘ ee Te 
a 
e. 
ae 
= va 
es oe 
a 
es 7 4 
bi) Sccusaiemaemmmmamennimemeemm a 
4 
Par. 
4 

, ae 
| : 

Sie 
4 s 
\ te a 
| i 
a 
ee: 
| x 
| 4 a 
| E- 
Ga | 

4 

vi. 
: 3 ; 
= ‘ 

GND j 
1d -pass q 
| by 
| ; 

: Bian + | aa ake 


oefenea 4.4 7 
ee eee ek 


ae 


reaeee 


ae 
ae 7 ‘oa fn : 
ee er ey ee ee a eed 


a2. 
nh to 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


JULY 1960, VOLUME 8, NUMBER 3 


Acoustic Instrumentation for Measurements in the Minuteman 
Missile Silo* 


Davip N. Keast AND GEoRGE W. KAMPERMAN 
Bolt Beranek and Newman, Inc., Los Angeles 46, California 


An instrumentation system has been developed to measure, record, and analyze various prop- 
erties of the dynamic pressure field in the Minuteman launching silo. This system permits the 
simultaneous recording of up to 13 channels of data from microphones placed in the silo environ- 
ment. These data may then be processed to obtain frequency spectra, time correlation functions, 
and space correlation functions. The data acquisition system has a frequency response from 0 to 
10,000 cps, a wide dynamic range, and (to permit correlation analyses) a maximum channel-to- 
channel phase difference of 10°. Various system design problems are discussed. These include the 
choice of transducers to function in the high-temperature high-vibration environment of the silo, 
the equalization of phase shift between the data channels, and the phase matching of filters for 
space correlation. Representative samples of data obtained with the system are used for illustration. 


1. INTRODUCTION 


j ew Minuteman intercontinental ballistic missile is being 
designed so that it may be sheltered from attack in a 
hole or “silo” in the ground, and then quickly fired from 
this silo a short time after the attack. Figure 1 is a sketch 
of a typical missile-silo configuration. Along with the ob- 
vious advantage the silo offers as a shelter, it raises serious 
questions about the effects of this confinement on the missile 
when the engine is fired. The rocket exhaust traveling 
along the surface of the missile exposes the vehicle to high 
temperatures, a corrosive atmosphere, static and dynamic 
pressure loading, and vibration in excess of that en- 
countered during a launching from above ground. It is 
essential to know that this rugged launching environment 
will not compromise the mission of the vehicle. As part of 
an experimental study of the silo environment being per- 
formed by Space Technology Laboratories and Boeing Air- 
plane Company, an instrumentation system has been de- 
signed and installed to determine the acoustic field in the 
silo. 

The purpose of this paper is to outline the acoustic data 
acquisition and processing systems. This description is 
illustrated with representative samples of the data obtained. 


* Revised manuscript received April 28, 1960. Presented in part 
March 11, 1960 at the Seventh Annual Western Convention of the 
Audio Engineering Society, Los Angeles, California. 

This work was supported by the U. S. Air Force under Contract 
No. AF-04(647)-316. Much of this material has been presented pre- 
viously at the 58th meeting of The Acoustical Society of America 
{G. W. Kamperman and D. N. Keast, J. Acoust. Soc. Am. 31, 1571 
(1959), abstract]. 


Some limitations imposed on the system by commercial 
equipment presently available are also presented. 
ll. THE DYNAMIC PRESSURE FIELD 


The acoustic field, or more accurately, the dynamic pres- 
sure field in the silo has two components. One of these is 


sound due to the shearing of the high-velocity rocket ex- | 


haust stream against the surrounding medium, and perhaps 
to other causes. The other is turbulence in the flow of 
exhaust gases through the silo. These two components can 
be identified by their different propagation velocities. 


Although they may perform differently, both these com- 
ponents of the dynamic pressure field are significant in their 
ability to “couple into” the structure of the missile by 
causing vibration. This vibration, then, is the culprit which 
could do damage. Indeed, in full-scale, flight-weight vehi- 
cles, vibration must be measured in detail along with the 
sound field. In model studies, however, or when “battle- 
ship” versions of the missile are fired, only measurements of 
the dynamic pressure field can be used for meaningful 
scaling. 

Figure 2 illustrates an oscillograph trace which might be 
obtained from a microphone on a missile in a silo. Just 
after ignition, a brief transient occurs. Following the tran- 
sient is a period of sustained excitation caused by the dy- 
namic pressure field. The acoustic and hydrodynamic pres- 
sure fluctuations of this field vary in amplitude and spectral 
characteristics as the missile moves out of the silo. Finally, 
the amplitude of the excitation on the missile decreases as 
the microphone location leaves the silo. 
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ill. DATA ACQUISITION SYSTEM 


In order to describe this excitation, it is necessary to know 
the amplitude, duration, and wave shape of any transient 
phenomena, as well as the amplitude and spectral distribu- 
tion of the dynamic pressure fiel¢, as a function of missile 
position. These requirements establish the necessary fre- 
quency response and signal-to-noise ratio of the data han- 
dling system. The launching time is sufficiently short so 
that a data acquisition system responding down to dc has 
been selected. The upper frequency limit, 10,000 cps, is 
determined by the capabilities of the microphones and tape 
recorders available. In addition, the amplitude of the larg- 
est signals of interest is considerably greater than that of 
the smallest components of the dynamic pressure field. In 
order to resolve this range, the data acquisition system has 
a signal-to-noise ratio of 60 db or more in octave bands of 
frequency from 1 cps to 10 kc. This is about the limit of 
present-day instrumentation tape recorders. 
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' Fic. 1. Schematic representation of a missile ready for launching 
from a silo. 


The data acquisition system is illustrated in Fig. 3. 
Water-cooled Photocon type 752 pressure transducers hav- 
ing a nominal sensitivity of 50 psig are used as microphones. 
Extensive tests resulted in the choice of a microphone with 
minimum response to vibration and heat, and adequate 
response to pressure fluctuations over the frequency range 
of interest. Nevertheless, the state of the transducer art is 
such that even the best microphones available are barely 
adequate in the extreme silo environment. In some cases, 
only the first second or so of data are usable, because of the 
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Fic. 2. Typical oscillograph record of data obtained from a micro- 
phone on the missile. 


SILO EXIT 


effect of heat on the transducers. Likewise, some measure- 
ments are only of limited usefulness because the micro- 
phones are responding more to intense vibration at their 
mounting locations than to pressure fluctuations. 

The Photocon microphones are capacitive transducers 
which operate as part of a high-frequency carrier system. 
Passive networks are used to tune the length of cable be- 
tween the associated oscillator-detector circuits (Dyna- 
gages) and the transducers. The output of each Dynagage 
is an analog (demodulated) signal which is tape recorded. 
It is worth noting the advantages of this carrier microphone 
system: it responds to dc, permits the use of long cable 
lengths, and minimizes the problem of 60-cps ground loops. 

The tape recorder is a specially adjusted Ampex FR- 
114A instrumentation tape machine. Thirteen tracks of 
data are recorded on a single, 1-in. wide tape at 60 ips. A 
fourteenth track is used to record voice annotation and tim- 
ing signals. The data are recorded in the FM mode, using 
a 54-ke center frequency with +40% carrier deviation. 
The FM signal saturates the tape, and the FM recording 
system not only responds to de but also meets the dynamic 
range requirements. 
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Fic. 3. Block diagram of the data acquisition system. 


+ The gas temperature over most of the missile surface is several 
thousand degrees F. 
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Fic. 4. Block diagrams of the data processing systems. 


To determine the relative contributions of sound and tur- 
bulence to the dynamic pressure field, time correlation is 
used to separate these sources on the basis of their different 
mean propagation velocities. In addition, the mean dis- 
tribution of instantaneous pressure over the surface of the 
missile is sampled by using phase, or space correlation. 
Both these correlation techniques (described below) require 
that the alignment and gap scatter of the heads of all tape 
recorders used be very precisely adjusted, so that no rela- 
tive track-to-track time delay will appear as an error in 
the correlation functions. This precision is obtained in 
part by careful selection and alignment of all record and 
reproduce heads used, and in part by using an adjustable 
reproduce head on the tape loop machine employed during 
data analysis. Prior to each test firing, pure tones of vari- 
ous frequencies are simultaneously recorded on all data 
tracks of the acquisition tape machine. These tones, when 
reproduced, permit the determination of the cumulative 
phase shift errors of the data handling system. 

In addition to laboratory calibrations, each transducer is 
field calibrated before a test firing. These calibrations con- 
sist of applying a known sound pressure level at a single 
frequency to each microphone, as well as applying various 
known static pressures. The former, or dynamic calibra- 
tion, is recorded on the data tape to serve as an “end-to- 
end” calibration. 


IV. DATA PROCESSING SYSTEM 


After each test firing, the data on the tape may be sub- 
jected to four types of processing. These are illustrated in 
Fig. 4 and are identified as oscillograph presentation, spec- 
trum analysis, time correlation analysis, and phase or space 
correlation analysis. 


A. Oscillograph Presentation 
The data may be reproduced on both high- and low-speed 
oscillographs. These oscillographs, such as the one shown 
on Fig. 2, serve the following purposes: 


1. They permit a study of the properties of any transient 
excitation. 


DAVID N. KEAST AND GEORGE W. KAMPERMAN 


2. They reveal certain malfunctions which would invali- 
date the data. 

3. They facilitate the choice of suitable, quasi-stationary 
portions of the data for other types of processing. 

4. They sometimes indicate very low frequency pure tone 
oscillations. These might not appear during spectrum 
analysis because of the brevity of the data sample. 


B. Spectrum Analysis 


The next possible step in data processing is to obtain the 
spectral distribution of the dynamic pressure field. This is 
done by the familiar technique of recording the desired data 
onto a loop of tape and then passing the output of the loop 
through a set of filters. A typical spectrum obtained in 
this way is illustrated by Fig. 5. 

Bruel and Kjaer one-third octave filters are used from 
16 to 10,000 cps. Below 16 cps, where limitations imposed 
by the short data sample are pronounced, special Krohn- 


Hite octave filters are used to the lowest possible frequency. | 


The filter outputs are detected, averaged, and plotted on a 
Bruel and Kjaer graphic level recorder having a logarithmic 
scale. 

The average, rather than the mean square value of the 
data in each frequency band, is presented. This consider- 


ably reduces the complexity of the detector. Mean square | 


spectra, when desired, can be obtained with the phase cor- 
relation equipment. 


C. Time Correlation Analysis 


Time correlation analysis involves the use of an analog 
computer to approximate the function 
giz (r) =Lim 1/T f* pi (t+) po (t) dt,’ (1) 
T>~ F 
where /; (¢) and pe (t) are two data samples, T is the 
duration of these samples, and + is a time delay inserted 
between p; (t) and po (t). Here, dio (r) is called the 
cross correlation coefficient of the two data samples. If 
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2 « ee 2 « ee 2 . 6s 2 « ee 
OVERALL Te) 100 1000 10,000 
FREQUENCY IN CYCLES PER SECOND 
Fic. 5. Sample dynamic pressure spectrum measured on the missile 
in the silo. 


1N. Wiener, Extrapolation, Interpolation, and Smoothing of Sta- 
tionary Time Series [Technology Press, Cambridge, and John Wiley 
& Sons, London (jointly), 1949]. 
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CORRELATION 
° 


° ' 2 3 4 5 6 7 8 
DELAY ,+r MS 


Fic. 6., Typical time correlation functions computed from data 
samples measured on the same longitudinal section. 


po (t) and p, (t) are the same, we obtain the autocorrela- 
tion coefficient, 1; (+) Or 22 (+). In general, three com- 
putation operations are required to determine the normal- 
ized cross correlation function: 


diz (4) /[ 11 (0) doe (0)]*. (2) 

The various time correlations serve several purposes. The 
cross correlation coefficient permits the separation of the 
sound and turbulent components of the pressure field be- 
cause of their different propagation velocities. For example, 
assume two microphones spaced along the axis of the silo, 
the first providing signal p, (¢) and the second providing 
signal p.(t). When + is equal to the time required for 
some component of the pressure field to travel from micro- 
phone 1 to microphone 2, the product p; (t+ 1) po (t) 
will, on the average, be large and positive compared to the 
product at other values of +. The cross correlation coeffi- 
cient will then have a peak at this value of 7. Prevailing 
components of the pressure field traveling at different ve- 
locities will produce peaks at different values of +. 

The normalized cross correlation function permits the 
quantitative determination of the relative contribution of 
sound and turbulence to the dynamic pressure field. A 
family of these functions provides a measure of the average 
decay of coherence (i.e., correlation) in the instantaneous 
pressure as it propagates down the silo. For example. Fig. 
6 illustrates three typical time correlation functions. The 
first, #;; (7), is an autocorrelation function of the data from 
a single microphone and evidences a peak at > =0. The 
second, 12 (+), was obtained from data recorded at two 
microphones not too widely separated, and illustrates an 
initial peak corresponding to pressure fluctuations traveling 
at the speed of sound plus the speed of the medium. This 
is followed by a period of sustained positive correlation for 
sound traveling at lower velocities in the boundary layer 
and for hydrodynamic pressure fluctuations. The third 
function, ¢:3; (+), shows the same characteristics somewhat 
diminished because of a greater microphone separation. 

The autocorrelation coefficient provides a measure of the 
persistence of the excitation at any microphone location. 
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It uncovers any periodicity of the data in the presence of 
much larger random fluctuations. 

The operations involved in computing time correlations 
are outlined in Fig. 4. A magnetic drum? is used to insert 
a variable time delay between two data channels selected 
from a tape loop. The two samples are then multiplied, 
using a Philbrik MU/DV analog multiplier, and integrated. 
The integrator is read, clamped, and started (i.e., commu- 
tated) in synchronism with the tape loop. The output of 
the integrator is plotted, for convenience, on both linear 
and logarithmic amplitude scales as a function of the time 
delay r. 


D. Phase Correlation Analysis 


The fourth possible method of analysis, phase (or space) 
correlation, is closely related to time correlation. A phase 
correlation is a time correlation at zero time delay (i.e., 
7+ = 0) obtained as a function of frequency. Conceivably, 
phase correlations could be obtained at various values of 
time delay (or time correlations could be obtained for dif- 
ferent frequency bands), so that phase correlation is just 
a means of resolving one more variable in the correlation 
of the data. 

Phase correlation is used to quantitatively determine, at 
various frequencies, the instantaneous relation between two 
microphone signals. (Hence, the name “phase” correla- 
tion.) This provides information on whether the pressure 
fluctuations are acting in unison, so to speak, at the two 
microphone locations. (Hence, the other name “space” 
correlation.) This information is essential to the prediction 
of vibration caused by the pressure field.** 

Two phase correlation functions are illustrated in Fig. 7. 
Note that at very low frequencies where, presumably, the 
wavelength is long compared to the spacing between the 
two microphones, the correlation is high. For very short 
wavelengths, the correlation approaches zero. The two 
samples illustrated are for microphone pairs located, re- 
spectively, 90° and 180° apart around the missile. We see 
that as the separation is doubled, the first zero crossing of 
the function is approximately halved. 


Operationally, phase correlations might be computed 
using a single, ideal, square filter in one of the two data 
channels. This filter would be required to have zero phase 
shift in its passband. The unfiltered channel could then be 
multiplied by the filtered channel, and the integrated prod- 
uct would contain only information obtained from fre- 
quencies in the passband of the filter. Unfortunately, most 
filters have rather pronounced phase shifts in their pass- 
bands, and the only solution is to put both data samples 


2K. W. Goff, Proc. Inst. Radio Engrs. 41, 1578 (1953). 

* A. Powell, Douglas Aircraft Company Rept. No. SM 22795, May, 
1957. 

41. Dyer, “Estimation of Sound Induced Missile Vibration,” in 
S. H. Crandall, ed., Random Vibration (Technology Press, Cambridge, 
1958), Chap. 9. 
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FREQUENCY IN CYCLES PER SECOND 


Fic. 7. Typical phase correlation functions computed from data 
samples measured on the same transverse section. 


through filters with “identical” phase characteristics, so 
that no net phase shift is introduced. 

For the analysis of Minuteman data, two closely matched 
Technical Products Company heterodyne filters are used to 
compute phase correlations. The outputs of these filters 
are then multiplied, integrated, and plotted with the same 
equipment used to obtain time correlations. The filters 
scan automatically through the frequency range of interest, 
and the correlation coefficient is plotted as a function of 
frequency. This operation is illustrated in Fig. 4. 

Phase correlation coefficients are generally normalized to 
correlation functions by a procedure similar to that given 
in Eq. (2). It is interesting to note that the phase auto- 
correlation coefficient is simply the mean square spectrum 
of the data sample. 


V. CONCLUDING REMARKS 


The system described is capable of providing information 
for the study of the dynamic pressure environment in the 
Minuteman launch silo. However, probable future appli- 
cations of these techniques will require greater accuracy, 
reliability, and convenience of operation. This points up 
several problem areas which warrant the attention of equip- 
ment manufacturers. 

Perhaps the biggest problem is the presently accepted 
tolerance in the gap alignment of multitrack instrumentation 
tape recorders. These tolerances should be reduced by at 
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least a factor of 10 if correlation analysis of tape recorded 
data up to 10,000 cps is to receive broad application. 

Of almost equal imporiance is the problem of obtaining 
pairs of filters whose phase characteristics match within a 
few degrees, and stay matched for extended periods of time. 
At present, complicated and precise adjustments must be 
periodically performed on filter pairs used for phase correla- 
tion. To our knowledge, no filter pairs are commercially 
available to perform the functions described above in the 
audio frequency range. 

Finally, there still exists a need for microphones or pres- 
sure transducers which yield reliable data on a pressure field 
when also subjected to extreme vibration and high tempera- 
ture. Transducers available at the present time are only 
marginally satisfactory in this respect. 
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A Signal Biasing Output Transformerless Transistor Power Amplifier” 


RicHArD C. HEYSER 
California Institute of Technology, Jet Propulsion Laboratory, Pasadena, California 


Power amplifiers are usually designed to perform best into a purely dissipative load of constant 
value. Loudspeaker systems however contain large reactive impedance components capable of 
considerable energy storage. Recognizing this fact a simple output transformerless transistor power 
amplifier is developed which, through the expedience of extracting a small amount of stored loud- 
speaker energy when required, is capable of delivering low subjective distortion to a loudspeaker 
system while maintaining an electrical operating efficiency approaching that of a conventional 


Class B amplifier. 


INTRODUCTION 


wae mabl techniques for the design of power amplifiers, 
whether transistor or vacuum tube, rely upon optimizing 
performance for pure resistive termination. While this 
leads to a high degree of compatibility among amplifier 
specifications and allows quantitative comparison between 
amplifiers, it does not assure that amplifiers of similar or 
identical specifications will sound alike when loaded by the 
same loudspeaker system. It is also axiomatic that subjec- 
tive excellence with loudspeaker termination requires more 
costly amplifier construction than less transparent sounding 
units. By attacking the design of a power amplifier from 
considerations of the loudspeaker loads that it may be 
called upon to drive, we shall demonstrate that a good 
quality amplifier may be constructed from a minimum of 
components and with an extreme amount of reliability. 


THE LOUDSPEAKER LOAD 


Let us consider for a moment the nature of a “typical” 
loudspeaker load. We shall assume that a system will con- 
tain at least one electromagnetic driver with a heavy-magnet 
motor rigidly connected to a driving cone of finite mass. 
This unit is then loaded in some fashion to the air mass 
that it is intended to drive. It is a natural consequence of 
this system that it will possess at least one resonant fre- 
quency and will have in the dynamic situation a stored 
kinetic and/or potential energy dependent upon the past 
history of the driving signal. In multiway loudspeaker 
systems there may be several such drivers connected through 
reactive frequency-selective crossover networks to the power 
amplifier and some installations may even contain at least 
one electrostatic transducer. When one measures the phasor 
impedance of any of the above loudspeaker systems it be- 


* Presented October 5, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 
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comes evident that the load seen by the power amplifier 
may assume purely resistive values only at discrete fre- 
quencies, becoming either inductive or capacitive at all other 
frequencies. Furthermore, even if one were to insist upon 
characterizing the loudspeaker by a single resistance value 
he would be faced with the realization that the measured 
singular resistive values may differ in the extremes by as 
much as an order of magnitude from what he would like 
to call a “nominal” impedance. It should be noted then 
that an actual transducer will differ from a resistor in the 
ability to store energy and, what is more important to our 
transistor amplifier, the ability to give this energy back to 
the amplifier in the form of an electrical signal should the 
amplifier for any reason evidence a need by no longer main- 
taining control of transducer voltage. This property of 
loudspeakers shall be the basis for our amplifier design. 


CONSIDERATIONS FOR MINIMUM COST 


In designing a truly economical power amplifier we must 
allow for the capability of driving any loudspeaker system 
common today. By this we shall assume that the amplifier 
should deliver a voltage across the loudspeaker terminals 
which is a replica of the input voltage to the amplifier and 
also that the Thevenin source impedance seen by the loud- 
speaker is low compared to the magnitude of loudspeaker 
impedance. It is further assumed that for the sake of 
economy and circuit simplicity it is desirable to eliminate 
the output transformer. In searching for an inexpensive 
and yet reliable transistor circuit, we find that an emitter 
follower satisfies all requirements. In order that amplifier 
construction cost be held to a minimum it is necessary to 
look at the whole cost including associate driver circuitry, 
power supply, and heat sinks required. These considera- 
tions dictate that the amplifier should take from the power 
supply only as much power as is required to allow the trans- 
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Fic. 1. Simplified diagram of signal biased amplifier. 


ducer to be presented the proper signal. Thus a form of 
Class B or modified class of operation suggests itself. But 
two active elements together with a means of smoothly 
transferring signal from one to the other are demanded by 
the classical Class B amplifier and this is in direct conflict 
with the requirements of minimum cost. By invoking the 
energy transfer ability of the loudspeaker, however, we will 
demonstrate that one power transistor in the emitter fol- 
lower configuration is capable of presenting a modified 
Class B mode of operation with the speaker itself acting as 
the second active element during those brief intervals of 
time that this is required. 


STEADY-STATE ANALYSIS 


Consider the simplified emitter follower circuit shown in 
Fig. 1. The loudspeaker is replaced for simplicity by the 
resistor. This is not a new circuit. The additions that are 
new, however, are the capacitor, diode, and potential V. 
The action of these three new elements is the formation of 
a peak-clamping circuit to the base of the transistor biasing 
the base such that the maximum positive excursion remains 
at a potential of -V. The universal characteristic of the 
transistor mutual conductance (shown in Fig. 2) is such 
that the emitter potential is a near-faithful reproduction of 
the base. Since source impedance of an emitter follower 
is the reciprocal of the slope of this mutual conductance 
characteristic, the loudspeaker may see a Thevenin imped- 
ance of an ohm or less throughout the majority of normal 
emitter current excursions. As the emitter current drops 
toward zero, however, this source impedance rises very 
sharply. Another way of stating this is that the base po- 
tential controls the emitter potential only so long as a 
certain minimum current flows. The base loses ability to 


control the emitter when the emitter current tends toward 
zero. 

This, then, is the basic steady-state action of a signal 
biasing amplifier. An emitter follower drives the loud- 
speaker with the aid of a peak-clamping circuit. The bias 
of the emitter follower, and consequently the power supply 
drain of the circuit, is automatically regulated by the signal 
such that the emitter follower is in a class of continuous 
conduction and hence continuous control of loudspeaker 
voltage. We thus have, for the steady-state condition, 
essentially a Class A amplifier and yet we draw power from 
the supply only as is needed, much like the desired Class B. 
In order to analyze the economic improvements which the 
signal biasing mode presents over the purely Class A situa- 
tion we should look into the consumption of power within 
each type of amplifier required to present a given amount 
of power to a load impedance. When the analysis is ac- 
complished we may better judge how small a power supply 
may be tolerated for a given load power and, what is more 
important economically, how small we can make the tran- 
sistor dissipation and the attendent heat sink. 

Referring to Fig. 1 we may calculate the minimum aver- 
age power dissipated as heat in the transistor by assuming 
a purely resistive load and by assuming that the potential 
V is equal to the base-emitter potential drop. The chart 
of Fig. 3 demonstrates how the power within the amplifier 
system is distributed as a function of ac loudspeaker power 
from zero signal to maximum clipping level. On the same 
chart we have superimposed the analogous curves for a 
transformerless single-ended pure Class A amplifier. Note 
that at maximum undistorted output the characteristics of 
a single biasing amplifier are identical to those of the con- 
ventional Class A amplifier but that as the load power is 
reduced the signal biasing amplifier more nearly approaches 
Class B mode. This is more clearly seen in Table I, pre- 
senting a resumé of the major steady-state characteristics 
of the three modes of operation. 
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Fic. 2. Typical power transistor mutual conductance characteristic. 
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A SIGNAL BIASING OUTPUT TRANSFORMERLESS TRANSISTOR POWER AMPLIFIER 
oward Tas_e I. Comparison of three classes of amplification as a function of rms load power. 
— Class of amplification ata oe iets Signal biasing Class B 
. pad Number of — . nt 2 
upply Crossover distortion No No Yes 
signal de speaker power of ee 2P, 0 
nuous Average supply. power i 4P 1 gy (P/Pr,,,,) * (4/e) Po, (Pi/Pr,,,,) 
mre Average transistor dissipation ry, i= (P./P1,,,,)) Pic [4(Pi/Pi,,. )%—-3(P/Pi,)) (Px, /) (ACP L/P, 4 (Pi/Px,,,,)] 
- from Maximum transistor dissipation a 4% P, on (4/n*) Pu 
ass B. , Where maximum transistor P,=—0 P, = %P, P, = (4/s*) P, 
h the dissipation sain =F 
situa- ae a 
tr TT et ee res es ee Dee y (stored speaker energy) _would generate a back emf to 
ae TRANSFORMERLESS maintain continuity of emitter current. Indeed it is possible 
upply CLASS A =--— CIN for the combined effects of diode resistance and loudspeaker 
bir | | N POWER SUPPLY inductance to generate a potential considerably more posi- 
iain 3 DEMAND tive than ground potential and, what is more important, 
| | this potential betokens an emitter current, which means 
par, ™ (SIGNAL. __ that the loudspeaker voltage is actually controlled by the 
anlie rrr] BI ASING” DC SPEAKER base potential even while both might be more positive than 
ential 5 a= Z -_ — POWER ground. Furthermore, since the diode has resistance, in- 
chert =o LT formation is not lost to the base even while the capacitor 
olifier re} / Yt ‘ is charging because the base potential is augmented by 
sewer v ie a <a eeatces charging current flowing through the diode resistance. And, 
pats: 5 ity = to further aid our transient performance, the base-emitter 
Stig > lA capacitance would assist the loudspeaker during positive 
Note _|| AC SPEAKER excursions due to its stored charge which becomes available 
ie an Z | | | | POWER when the power transistor tends to be cut off. In order to 
: coca fe) i demonstrate the existence of this phenomenon, reference is 
ae fe) 0.5 1.0 made to Fig. 5. Random noise band-limited from 30 cps 
ofl UNITS OF LOAD POWER to 20 keps was injected into a signal biased amplifier. 
_ Fic. 3. Power distribution as a function of rms load power for a Figure 5 shows a triggered sweep oscillograph of the poten- 
_ signal biasing amplifier and a transformerless Class A amplifier. tial across a typical single cone loudspeaker. Positive de- 
a TRANSIENT ANALYSIS flection is upward and the two straight line traces give 
: ; : , : ground potential and zero-signal speaker potential. Observe 
i Some basic questions certainly come to mind while con- that not only do positive signal excursions fall 0.1 v or 
—_— templating the inherent distortion that might be introduced 
into a signal of varying amplitude. It is true that steady 
—- sine wave signals will come through virtually undistorted. TRANSISTOR (-) 
oe And it is true that signals with amplitude varying signals CLAMPING leo 
which must charge the capacitor would tend to be irrevoca- CAPACITOR EMITTER 
—s bly lost to the emitter and constitute distortion if: (1) the REACTIVE 
— emitter were to drive a pure resistor, and (2) the diode : | — ELEMENTS 
_ a were perfect. But it is here that the circuit allows the loud- { i 
speaker to enter the picture. Refer to Fig. 4 which is more l 
a realistic. The loudspeaker has been replaced by a series DIODE | 
— RL circuit to represent its energy storage capabilities, and INPUT LEAKAGE | _|. SPEAKER 
the perfect diode of Fig. 1 has been replaced by its counter- gina) | —_ | JS Resistance : WITH ENERGY 
ae part of a threshold potential, series resistance, and leakage STORAGE 
—— } current. The battery has been given an internal impedance BATTERY BATTERY 
and the base circuit of the power transistor has been MINUS DIODE |_ RESISTANCE , 
attached with the characteristic transistor “defects.” Now, THRESHOLD | is ig 
ristic. under the influence of a driving signal, the current through POTENTON. | 
the transistor cannot suddently be cut off, for the inductor Fic. 4. More precise signal biasing amplifier circuit. 
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Fic. 5. Triggered sweep of band-limited white noise delivered by signal biased amplifier across 


single cone loudspeaker system. 


more below ground but also those signals below ground 
still convey information instead of appearing as smooth 
curves. Even more dramatic evidence that the loudspeaker 
improves performance may be gained from Fig. 6. Here 
a 10-kcps square wave of 1.0-v peak-to-peak was impressed 
by the amplifier across the same “8-ohm” loudspeaker as 
in Fig. 5. Again ground is shown by the straight line. Fig- 
ure 6(b) demonstrates the identical conditions to Fig. 6(a) 
but with the loudspeaker replaced by an 8-ohm resistor. 
Across the 8-ohm resistor we see three apparent defects: 

1. The first is a leading edge overshoot caused by the 


finite base-emitter capacitance presenting a lower source 
impedance for the first few microseconds. This is normally 
considered a defect of emitter followers, but observe how 
the magnitude and duration of this overshoot was dras- 
tically reduced by the presence of the loudspeaker. 

2. A very pronounced slope on the trailing edge of the 
voltage demonstrates another inherent difficulty with emit- 
ter followers; namely, a velocity limited response as current 
is reduced. Again the loudspeaker stored energy was suffi- 
cient to minimize this defect. 

3. The most positive excursion of the square wave across 


Fic. 6. Ten-kcps square-wave response. 


(a) Across single cone loudspeaker. (b) Across 8-ohm resistor. 
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Fic. 7. Twenty-cps square-wave response across single cone loud- 
speaker. 


the resistor is less than that across the loudspeaker. This 
is a direct consequence of the increased output impedance 
of the amplifier at low values of current. 

We thus come to the remarkable conclusion that here is 
an amplifier which works better into a loudspeaker load 
than into a pure resistance. For completion of the photo- 
graphic analysis, Fig. 7 shows a 20-cps square wave im- 
pressed across the loudspeaker. 


COMPLETE AMPLIFIER 


A complete signal biased amplifier is illustrated in Fig. 8. 
There are several points which require elaboration since 
every attempt was made to utilize unique component fea- 
tures. Here, D-2 is a forward biased silicon diode, the 
forward potential drop of which is utilized for a 0.6-v 
“battery.” The potential required for this battery was 
such that with no signal a small voltage would exist across 
the loudspeaker and allow energy storage to be invoked for 
signals instantaneously going positive from a quiescent 
state. Any silicon diode might be used for this location 
since the fixed potential is a common characteristic. By 
allowing the collector current of T-2 to flow through the 
silicon diode we achieve not only the necessary static cur- 
rent required for this forward bias but also a current which 
tends to nullify the effect of diode impedance under signal 
drive. The D-1 may be any small signal germanium diode. 
There are two reasons for choosing germanium: first is the 
previously mentioned low forward potential drop and sec- 
ond is the existence of a leakage current (shown in Fig. 4) 
which, if of sufficient magnitude, will nullify the /,, of T-3 
and obviate the need for a protective resistor. By eliminat- 
ing this resistor we enhance the clamping action and achieve 
a lower cutoff. frequency for a given value of clamping 
capacitor. Should this clamping capacitor possess a meas- 


urable leakage current the effect in the circuit is quite 
similar to enhancement of /,, in T-3. The clamping capaci- 
tor is fed from an emitter follower of complementary sym- 
metry to T-3. By doing this we achieve a low source im- 
pedance for positive going signals which may draw charging 
currents. For negative going signals the current drain is 
low enough to avoid the velocity limit characteristic of 
cutoff emitter followers. Input resistors establish the base 
potentials of T-1 and T-2 such that they are entirely in 
Class A operation at all times. Except for the ratio of 
these base resistors no other resistor is critical and all might 
be modified by factors of two or greater without degrading 
performance. Similarly, since all transistors are in the 
emitter follower configuration, any type transistor may be 
inserted for those shown provided they meet the circuit 
qualifications for symmetry, collector dissipation, and maxi- 
mum /,, as determined by the respective base resistors. 
The bypass capacitor between emitter and collector termi- 
nals of T-1 as well as the resistor across the speaker (both 
shown dotted) have been found necessary in order to pre- 
vent extremely high frequency instability upon insertion of 
certain types of low-frequency transistors in the position of 
T-1 with the positive power supply illustrated and capaci- 
tive loads. This effect is quite predictable and is due in 
part to the exceedingly good high-frequency response (refer 
again to Fig. 6). Any undue temperature rise will not pre- 
cipitate instability so long as a short circuit is not main- 
tained across the loudspeaker terminals. Rather than de- 
grading performance, a high ambient temperature will cause 
an increase in static potential which biases the output stage 
toward a Class A mode of operation. While this increases 
power supply consumption the amplifier actually becomes 
more linear. Since T-3, T-4, and T-5 are the only signifi- 
cant consumers of power supply current it is quite fortunate 
that their collector potentials may be fed from a relatively 
poorly filtered supply of adequate current capabilities. Any 
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Fic. 8. Complete signal biasing amplifier. 
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supply ripple on their collectors cannot cause loudspeaker 
hum so long as there is a few tenths of volts left for the 
collector-to-emitter potential of T-3. Power supply ripple 
cannot be impressed with any measurable magnitude on the 
base of T-3 by the collector-base leakage since the base of 
T-3 is constrained at signal frequencies by an emitter fol- 
lower. It is essential, however, that the negative supply 
to T-1 and T-2 be filtered to a small degree. Because the 
magnitude of this filtered potential need be no greater than 
the lowest value of the poorly filtered potentials on T-3, T-4, 
and T-5, it is best obtained by an RC section as shown. 
Besides providing an effective hum elimination, the resistor 
capacitor combination allows for a relatively slow rate of 
charge when power is applied. This slow rate of charge and 
discharge prevents any large loudspeaker cone displacement 
at turn-on and turn-off and virtually eliminates an audible 
turn-on transient even with audio signal applied. In order 
to provide an adequate leakage current protection for the 
PNP transistors, a positive power supply is illustrated. If 
desired, this supply may be eliminated and the base resis- 
tors of T-4 and T-5 returned to signal ground and changed 
to 2200 and 220 ohms, respectively. However, when this 
is done, the signal currents of T-3 and T-4 are increased 
during excitation with a corresponding increase in measured 
distortion. An advantage of this modification would be 
that the entire amplifier might be powered from a single 
battery supply for portability. Any supply potential from 
1.5 v to the maximum collector potential rating of the 
transistors might be used. The existence of power supply 
impedance for a one-battery operation actually will improve 
the amplifier operation by providing some measure of nega- 
tive feedback to T-3. Using the circuit shown an input 
impedance of 50K is realized. Output impedance of the 
order of an ohm and a voltage gain of unity allows the 
amplifier to be directly driven from a tuner or preamplifier 
to comfortable room volume with a moderately efficient 
speaker. The output power is limited by supply voltage 
such that the maximum peak-to-peak signal is somewhat 
less than the available supply voltage. 


POWER OUTPUT 


The maximum undistorted voltage which a signal biasing 
amplifier can impress across a resistive termination has a 
peak-to-peak value approaching the lowest value of the 
power supply voltage. A 16-v supply would allow 2 rms 
watts into a 16-ohm termination, while an 8-v supply yields 
the same power to a 4-ohm load. For proper operation of 
this amplifier we have seen that a well-regulated supply is 
not only nonessential but might slightly degrade perform- 
ance. As a natural economic result of these facts we find 
that an adequate power supply may be constructed of in- 
expensive components such that, due to poor regulation, 
the amplifier tends to deliver constant maximum undis- 
torted power to a resistive termination. Since we postulated 
the amplifier on the basis of minimum cost, such a power 
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supply is quite in keeping with our basic philosophy. The 
next question that arises is how much power might we be 
able to deliver from a minimal cost amplifier-power supply 
combination into a given termination. It might be pointed 
out that an economic turning point is reached at between 
2 and 3 rms load watts. Any attempt at increasing power 
output by an increase in power supply voltage beyond 15 
to 20 v now accrues circuit penalties at an ever-increasing 
rate. The picture is not all black, however, because we are 
discussing an amplifier which can deliver a low distortion 
output up to the clipping point. Because there is no ever- 
all feedback loop with internal reactive elements, a signal 
biasing amplifier possesses no overload hysteresis (block- 
ing). As a result, music peaks are allowed to clip sym- 
metrically with very little subjective distortion. Also, no 
reproducing system presents a purely resistive termination 
and the energy storage capabilities of such a system can 
allow a peak-to-peak load voltage in excess of the power 
supply potential. Furthermore, the music power capability 
of the signal biasing amplifier is much larger than the 
steady-state power of perhaps 2 w because of the poor dc 
regulation of our inexpensive power supply. When all of 
these factors are now taken into account we find that our 
measured 2-w amplifier is quite capable of generating sound 
levels in a reproducing system which is many times the 
capabilities of a simple 2-w amplifier. 

There is one further area where power output may be 
increased and that is in the loudspeaker itself. A bifilar 
wound dual voice coil loudspeaker can be used as a termi- 
nation for two signal biasing amplifiers operated in push- 
pull. The net dc component will then subtract out, and 
the natural transformer coupling action will allow an out- 
put approaching four times the output of a single signal 
biasing amplifier. The operation achieved is quite similar 
to conventional Class B except that there is no crossover 
distortion and no over-all feedback loop is required. Far 
from being a theoretical concept, loudspeakers of this type 
have been obtained as experimental models and qualitative 
agreement achieved between measured and calculated per- 
formance. 


MEASUREMENT OF PERFORMANCE 


No analysis could be complete without some quantitative 
measure of distortion. Figure 9 is measured intermodula- 
tion distortion for a typical signal biased amplifier with 
no external feedback and a ratio of full-load to no-load 
power supply current drain of greater than 50: As we would 
expect, the distortion is lowest into the loudspeaker. By 
normal measured distortion criterion a signal biasing am- 
plifier would not be rated as a quality component. But 
here we come face to face with the fact, difficult to justify 
by present standards, that the amplifier when properly con- 
structed unquestionably sounds less distorted on live pro- 
gram material than the intermodulation distortion or single- 
frequency harmonic distortion would predict. In this sense 
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Fic. 9. Typical intermodulation distortion. 


it is analogous to the listening quality of magnetic tape 
which often exceeds these distortion figures and yet is far 
cleaner in audio quality than a feedback power amplifier 
of lower measured distortion. A possible explanation for 
a performance which belies measurement might be gained 
from observing the force displacement curve of a typical 
loudspeaker such as shown in Fig. 10. The displacement 
being a function of current rather than voltage is con- 
strained to a unilateral motion from rest position. The 
possible speaker displacement is reduced to half and at first 
glance is in a more nonlinear region of excursion. But it 
is a nature of the signal biased amplifier that as load current 
increases the source impedance decreases (réfer again to 
Fig. 2). Therefore, we find that for a given load impedance, 
current through the load is a nonlinear function such as 
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Fic. 10. Typical loudspeaker force vs displacement. 
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Fic. 11. First-order correction to nonlinear loudspeaker force vs 
displacement function. 


Fig. 11. Since the current through the loudspeaker pro- 
duces the force, we find that there exists within the ampli- 
fier a first-order correction to speaker nonlinearity. 

One additional unseen benefit that this amplifier provides 
must be commented upon. Even though the amplifier has 
a low-frequency cutoff as determined by the coupling ca- 
pacitors used, the output impedance and hence damping 
factor is held down to dc. This completely eliminates the 
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low-frequency “breathing” of speakers commonly found at 
higher drive levels. The result is a remarkably well-defined 
bass response when compared with some of the finest trans- 
former coupled amplifiers on speakers exhibiting this in- 
stability. 

It would not be realistic to assume that a signal biased 
amplifier is so devoid of subjective distortion as to supplant 
the very finest of amplifiers. While not lost, positive peaks 
which charge the clamping capacitor must of necessity be 
reduced in level from the rest of the program. This is dis- 
tortion, pure and simple. What we have set about to 
outline was the remarkably stable control exercised over a 
loudspeaker during these transients and during overdriven 
clipping signals resulting in a subjective listening quality 
which does not cause these distorting components to be 
distressing. All in all, the reproduced quality is indeed 
quite satisfactory when one contemplates the cost of com- 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


192 ROBERT P. SCHROEDER 


ponents. When considered in light of the mode of opera- 
tion a ‘signal biased amplifier cannot be placed in any pre- 
viously designated category such as Class A, B, or sliding 
bias since the loudspeaker load actually enters into the mode 
of operation. Patent application has been made in the 
author’s name on this mode of operation and the accom- 
panying circuit. 


CONCLUSION 


A practical output transformerless transistorized power 
amplifier has been developed which achieves excellent qual- 
ity at a minimal cost. By utilizing the energy storage capa- 
bility of a loudspeaker, the amplifier has been shown to 
exhibit the control of a Class A amplifier with operational 
efficiencies approaching Class B. The result is a circuit 
capable of reliable operation over extreme ranges of tem- 
perature, supply voltage, and transistor parameters. 
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The Effect of ac Bias Waveform on Harmonic Distortion in Magnetic 
Tape Recording * 


RosBert P. SCHROEDER 
Republic Aviation Corporation, Farmingdale, New York 


The effect of ac bias waveform on harmonic distortion in magnetic tape recording is studied 
analytically and experimentally. An analysis of square wave bias is performed, following methods 
used by Camras and Zenner, using the same power series approximation to a B,-H curve as used 
by Zenner. Comparing these results to those obtained by Zenner for sinusoidal bias, square wave 
bias is found to result in higher output and higher percentage distortion. The analysis is extended 
to nonsymmetrical rectangular bias, for which the distortion is found to be much greater. The 
experiments are performed by generating various voltage waveforms at 20 kc and feeding them 
through a current feedback amplifier to a record head, where they serve as bias and are super- 
imposed on 1-kc sinusoidal audio signals. The results indicate little difference in distortion between 
sinusoidal and square wave bias but greatly increased distortion for any type of unsymmetrical 
bias. A comparison is made between the analytic and experimental results in an attempt to evaluate 
two different theories on the mechanism of ac bias. It is concluded that both theories are valid 
but for different relationships between gap length and bias wavelength. 


ANALYTIC INVESTIGATION Toomin and Wildfeuer’ based their explanations on the 

eg paper is a study of the effect of ac bias waveform existence of minor hysteresis loops and the manner in which 
on harmonic distortion in magnetic tape recording. they collapse when the excitation is gradually removed. 

It has long been an established fact that the linearity and Figure 1 shows a number of minor hysteresis loops hung 
dynamic range of a tape recording is substantially improved from various points on the major hysteresis loop formed by 


by superimposing in the record head a supersonic “bias” the sum of the instantaneous value of the audio magnetizing 
current on the current of the audio signal to be recorded. 


Various explanations have been advanced for this phenome- 
non. 

* Presented October 6, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. Also, submitted in partial 


fulfillment for the degree of master of electrical engineering at Poly- 
technic Institute of Brooklyn in June, 1959. 


force and the peak value of the bias magnetizing force. As 
the element of tape in question leaves the record head gap, 
the particular minor hysteresis loop in question, A-A, col- 


1H. Toomin and D. Wildfeuer, Proc. Inst. Radio Engrs. 32, No. 11, 
664 (November, 1944). 
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lapses in such a way that the remanent flux density B, is 
the intersection of the major axis of the minor loop with 
the B axis. Since the major loop has linear sides and the 
minor loops are almost parallel, B, varies fairly linearly 
with the instantaneous audio signal. But this explanation 
is plausible only when at least one cycle of audio signal is 
completed during the time the element of tape is in the gap. 
This occurs only at the extreme upper end of the audio band 
and in systems where the tape speed is low and the gap 
long. In such a system, unless the field cuts off sharply 
outside the gap, there will be considerable attenuation of 
these higher frequencies. 

Figure 2 indicates a more generally applicable explana- 
tion. It shows several minor hysteresis loops, A-A, A’-A’, 


B 


Br 


Fic. 1. Minor hysteresis loops formed by superposition of bias 
signal on a complete cycle of audio. 


hung from the normal magnetization curve. The minor loop 
is traced out by a bias cycle and is hung from the point 
corresponding to the instantaneous audio signal plus the 
bias peak. When the tape element leaves the gap, the loop 
collapses to a value B,, as before. However, here it is as- 
sumed that each element of tape sees only one value of 
audio signal, and as this element enters the gap the minor 
loop crawls up the normal magnetization curve, remains at 
the point corresponding to the audio signal while inside the 
gap, and collapses to B, as the element leaves the gap. The 
recording is fairly linear, despite the instep of the normal 
curve, because the bias amplitude is made great enough so 
that one end or the other of the minor loop is hung on a 
linear portion of the normal curve. 

Figure 3 illustrates another explanation, which is strictly 
true only when the wavelength of the bias along the tape 


2S. J. Begun, Magnetic Recording (Rinehart and Company, Inc., 
New York, 1949), Chap. 4. 
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Fic. 2. Minor hysteresis loops formed for single value of audio in 
record head gap. 


is long compared to the gap length. Here it is assumed 
that each e:ement of tape receives a value of remanent flux 
density B, dependent on one instantaneous value of audio 
and one instantaneous value of bias. The figure shows 
what happens to two elements of tape. For example. they 
may be considered to be subjected to signals H and H’, 
each of which has the same audio component but different 
instantaneous values of bias. The resultant B,-H curve has 
an even more nonlinear instep than the normal magnetiza- 
tion curve but does not result in the high distortion charac- 
teristic of recording without bias, as is explained below. 
This method of analysis was used by Holmes and Clark,* 
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Fic. 3. Remanent flux caused by instantaneous sum of audio and 
bias signals. 


3L. C. Holmes and D. L. Clark, Electronics 18, No. 7, 126 (July, 
1945). 
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Fic. 4. Fifth-order power series model of typical B,-H curve. 


and later by Camras,* and Zenner. Camras performed a 
graphical analysis based on the assumption that the bias 
frequency is much higher than the audio frequency, and 
that therefore the magnitude of a given point on the audio 
output during playback is given by the mean value of the 
recorded flux density over a complete bias cycle. Camras 
made the simplifying assumption that the mean value over 
a complete bias cycle is given by the mean value of the 
two extremes. Thus his analysis was actually predicated 
on the use of square wave bias. He showed that linear 
recording resulted from these assumptions, that for a small 
audio signal the greatest sensitivity occurs when the bias 
reaches the point of inflection on the B,-H curve, and that 
a value of bias could theoretically be found for which dis- 
tortion approaches zero. 

Zenner fitted a fifth-order power series to a typical B,-H 
curve and performed a mathematical analysis using sinu- 
soidal bias. The artificial curve used by Zenner is defined 
by 

B, = F(H#) = - KiH + K2H* - K3H’, (1) 
where K, = 1.915 K 107; Ko = 1.601 K 10°; K;3 = 7.95 
x 10°™. 

Figure 4 shows this mathematical model of the actual 
B,-H curve. Zenner assumed a sinusoidal audio signal of 
amplitude A and a sinusoidal bias signal of amplitude B and 
substituted 


H = Asinat + B sin dt (2) 


into Eq. (1). After expanding, all frequencies were dropped 
except @ and its harmonics. It can be shown that this 
process yields the same results as taking the mean value 
of B, over a bias cycle as the value of audio B, for a given 
point on the recorded audio signal. 


4 Marvin Camras, Proc. Inst. Radio Engrs. 37, No. 5, 569 (May, 
1949). 

5 R. E. Zenner, Proc. Inst. Radio Engrs. 39, No. 2, 141 (February, 
1951). 


The resultant expression for sinusoidal bias was 
B, = (-AK, + % A*Ke + % AB*Ks —% A®K; — (3) 
1% A®B*K; —"% AB'K;) sin at 
+ (%6 A°K; + % A®B*K, —% A®Ko) sin 3at 
— (46 A®Ks3) sin Sat. 


This may be expressed more simply as 
B, = E, sin at + Ez sin 3at + E; sin Sat. (4) 


The following is an analysis using the same power series 
model for the B,-H curve as used by Zenner, but the square 
wave bias. Figure 5 illustrates the method. Assuming that 
for a complete cycle of bias the audio signal remains ap- 
proximately constant at value A, two bias waveforms are 
shown, one sinusoidal, one square wave. The recorded 
audio signal corresponding to instantaneous audio input 
magnitude A is given by B,(t) for the sinusoidal bias and 
B,'(t) for the square wave bias. Here, B,’(t) is found 
simply by taking the mean value between B,;’ and B,.'. 
It can be seen that there is no such simple relationship for 
B,(t), for which some more involved integration process 
would have to be used. 


The recorded audio flux density varies with time in the 
following manner: 


B,’(t) = “%F (B+ Asinat) + %F (-B+ Asinat). (5) 


Equations (1) and (2) are substituted into Eq. (5), and 
the identities (6) and (7) are used. 


sin* at = % (3 sin at —sin 3at) (6) 
sin® at = Me (sin 5at — 5 sin 3at + 10sin at). (7) 


The resultant expression for square wave bias is 
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Fic. 5. Mean value of remanent flux density for square wave bias 
displaced by instantaneous value of audio signal. 
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Fic. 6. Rectangular bias waveform. 


B,’ = (- AK, + 3 AB*K2-5 AB*K; + %A*®K2- (8) 
194 4° B*K; —% A®K;) sin at 
+ (—% A®Ke + 56 A®B?K; + “eo A®Ks3) sin 3at 
— (46 A®Ks) sin Sat. 
This may be expressed more simply as 
B,’ = Ej’ sin at + E,’ sin 3at + E;' sin Sat. (9) 


It is interesting to note that the same terms appear in 
Eqs. (3) and (8), except that some of the numerical co- 
efficients differ. Because of the symmetry of both the B,-H 
curve and the two bias waveforms, only odd harmonics are 
generated. It is also noteworthy that the fifth harmonic 
amplitude is the same for both bias wave shapes. 


TasLe I. Magnitude of audio Taste II. Magnitude of audio 

output and harmonic distor- output and harmonic distor- 

tion for sinusoidal bias ealeu- _ tion for square wave bias eal- 
lated from Eq. (3). culated from Eq. (8). 


4B BE t% &% A B_ CE, 4i,% &i,% 


5 200 0.265 0.00 0.00 5 200 0.547 0.01 0.00 
10 200 0.531 0.00 0.00 10 200 1.093 0.04 0.00 
20 200 1.061 0.01 0.00 20 200 2.178 0.14 0.00 
40 200 2.122 0.01 0.00 40 200 4.298 0.60 0.00 
60 200 3.182 0.04 0.01 60 200 6.303 1.39 0.01 
80 200 4.233 0.16 0.04 80 200 8.127 2.58 0.02 


5 250 0.364 0.01 0.00 5 250 0.629 0.01 0.00 
10 250 0.727 0.03 0.00 10 250 1.255 0.06 0.00 
20 250 1.449 0.12 0.00 20 250 2.495 0.27 0.00 
40 250 2.866 0.51 0.00 40 250 4.869 1.11 0.00 
60 250 4.216 1.18 0.01 60 250 6.997 2.62 0.01 
80 250 5462 2.22 0.03 80 250 8.753 5.02 0.02 

5 300 0.381 0.02 6.00 5 300 0.455 0.04 0.00 
10 300 0.761 0.06 0.00 10 300 0.907 0.15 0.00 
20 300 1.513 0.26 0.00 20 300 1.790 0.62 0.00 
40 300 2.955 1.07 0.00 40 300 3.381 2.62 0.00 


In the following, the bias waveform is assumed to be 
rectangular but not necessarily a square wave, as shown in 
Fig. 6. If the ratio of the positive to negative sub-periods 
of the square wave is called R, the positive peak is called 
B,, and the negative peak B,, and the peak-to-peak ampli- 
tude 2B, then 


B, = 2B [1/(R + 1)] (10) 
B, = 2B [R/(R + 1)]. (11) 


Taking the mean value over a bias cycle as before, the 
recorded audio frequency flux density varies with time in 
the following manner: 


B,”"(t) = [R F(B, + A sinat) + (12) 
F(—B, + Asinat)|/(R +1). 
Note that if R = 1, this becomes the same as the previously 
derived expression (5) for square wave bias. Equation (2) 
is substituted into Eq. (12), and identities (4), (5), and 
(13) are used. 


sin* at = (1 —cos 2at) /2. (13) 
Then the recorded audio signal becomes 


B,” = {[(RB,* — B,*)/R + 1] K2—[(RB,°-B,°)/ (14) 
R + 1] Ks—5 A* [(RB,* - B,°)/R + 1] Kg} 
+ {-AK, +34 [(RB,? + B,”?)/R + 1] Ke 
—5A [(RB,* + B,*)/R+ 1] Ks + % A®Ky 
— % A; [(RB,* + B,”)/R+ 1] Kg 
—% A®Ks} sin at 
+ {5 A® [(RB,* - B,*)/R + 1] Kz} cos 2at 
+ {—% A*K, + % A* [(RB,? - B,?)/R + 1] Kg 
+ %6 A®°Ksz} sin 3at 
+ {— Ye A®K3} sin Sat. 
This may be expressed more simply as 


B,” = Ey” + E,” sin at + E,” cos 2at (15) 
+ E,” sin 3at +- E;”’ sin Sat. 
Despite the fact that there was no dc component in the 
input, the unsymmetrical bias results in a dc component of 
recorded signal, and second harmonic distortion in addition 
to the third and fifth harmonic distortion also found in 
symmetrical bias. 


TABLE III, Magnitude of audio output, de output, and harmonie 
distortion for rectangular bias (R — 1.5) caleulated from Eq. (14). 


A B, B, E,” E,” a.”,% 4,",% 4;",% 
40 160 240 3.608 —2.691 5.40 0.65 0.00 
80 160 240 7.178 ~—2.105 10.90 2.70 0.02 


Fundamental output and percentage distortion has been 
calculated for sinusoidal, square wave, and rectangular bias 
from Eqs. (3), (8), and (14) for several amplitudes of 
audio and bias, and is presented in Tables I, II, and III. 
The symbols d;, d;’, etc., indicate percentage third harmonic 
distortion with sinusoidal bias, percentage fifth harmonic 
distortion with square wave bias, etc. 

No calculations have been made for either sinusoidal or 
square wave bias for B = 300, A = 60, or B = 300, A= 
80, because part of the signal near the peak values would 
operate in the region above H = 350, where the power 
series model deviates considerably from the true B,-H 
curve. For the same reason results could be calculated for 
rectangular bias only with values of R near unity and with 
relatively low peak-to-peak amplitudes. 

The results indicate that unsymmetrical bias results in 
a recording with a large amount of second harmonic dis- 
tortion, as predicted by Zenner.5 Also, for any given com- 
bination of audio and bias amplitudes, square wave bias 
results in at least twice as much distortion as sinusoidal 
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Fic. 7. Recording technique. 


bias, although both outputs are considerably less distorted 
than the output resulting from an even slightly unsym- 
metrical rectangular bias. 

The analysis for sinusoidal bias, as performed by Zenner, 
will contain some degree of error because the bias wave is 
averaged over an entire cycle, thus including the region 
around the origin where the power series represents a poor 
fit to the B,-H curve. However, this region is traversed 
rapidly by a large amplitude sine wave biased somewhere 
near the origin, so it contributes only slightly to the mean 
value, and the magnitude of the deviation from the B,-H 
curve is small. In any case, the analysis for square wave 
bias is completely unaffected by this region, since the square 
wave requires zero time to traverse the region. 


EXPERIMENTAL INVESTIGATION 


The following is a description of several experiments 
made with a tape recorder to determine the effect of bias 
waveform. Figure 7 shows the circuitry used to make the 
recording. The bias frequency used is 20 kc, which is 
somewhat lower than that normally used in tape recorders; 
indeed, the Heathkit TE-1 tape recorder electronics used in 
these experiments comes equipped with a 60-kc bias oscil- 


H 
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Fic. 8. Current waveform in response to voltage square wave 
applied across record head. 
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lator. The lower bias frequency has been chosen to facili- 
tate shaping of bias waveform and to permit viewing the 
waveform within the limitations of the oscilloscope band- 
width. 

The feedback amplifier is needed to overcome the non- 
linearity of the record head impedance. Figure 8 shows the 
current waveform when a 20-kc square wave of voltage is 
applied across the head. When the feedback amplifier is 
used, the waveform of head current is almost identical to 
the waveform of the voltage generator. 

The audio and bias signals are each fed to the feedback 
amplifier through high series resistance, thus being de- 
coupled from one another. Including the resistive divider 
at the input, the feedback amplifier has the approximate 
value K = 10, BK = 40. All levels and wave shapes of 
both audio and bias current are measured with the oscillo- 
scope, singly at first, and then checked with both audio 
and bias signals present. 


a Ca) 
Fic. 9. Bias current wave- 


<o) forms: (a) sinusoid; (b) recti- 
fied sinusoid; (c) square wave; 


= [_ and (d) rectangular wave, R— 
32%. 
| | | Ce) 
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The circuitry shown in Fig. 7 can provide five distinct 
waveforms of bias current. These may be selected by con- 
necting one of the outputs A, B, C, or D to E, the input 
of the feedback amplifier. By means of varying R1 and 
C1 together, the ratio R of the rectangular waves available 
at D may be varied without changing the basic 20-kc fre- 
quency. A square wave could be provided from output D 
by letting R—1, but output C is preferable because it 
provides a cleaner square wave. The exact waveforms are 
shown in Fig. 9. The peak-to-peak amplitudes of all the 
waveforms in Fig. 9 are variable from 2 ma down to 0.5 
ma by means of varying R2, the current indicating resistor, 
around its nominal 10K value. 
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THE EFFECT OF ac BIAS WAVEFORM ON HARMONIC DISTORTION IN MAGNETIC TAPE RECORDING 
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Fic. 10. Playback measurement technique. 


The record head is a Viking with the following charac- 
teristics: 


Track width 0.090 in. 
Gap length 0.00016 in. 
Impedance 20K at 1 ke 
Shield Mu-metal 


This same head is also the playback head, and has a maxi- 
mum output of 2.5 mv. In normal operation the TE-1 is 
designed to supply 0.06 ma of audio current (at 6 kc) and 
0.8 ma of bias current (at 60 kc) to the head. The tape 
used is Scotch Magnetic Tape No. 111A-12 plastic % in., 
and all runs have been made at 3.75 in./sec. The erase 
head is excited in the normal manner by the 60-kc oscillator. 

The playback measurement technique shown in Fig. 10 
includes the use of a band pass filter with high and low 
cutoff frequencies of 7 kc and 550 cps and with 6 db/octave 
skirt selectivity. The purpose of the filter is to reject the 
60-cps signal which is on the tape due to pickup during 
recording or is picked up during playback, and to reject 
any 20-kc bias signal which might be recorded on the tape. 
The audio signal frequency is 1 kc, and so at least seven 
harmonics are available to indicate distortion. All runs 
have been made with the gain control of the playback 
amplifier at maximum. The harmonic distortion meter is 
used to measure output level and percentage harmonic dis- 
tortion. The oscilloscope is used for general monitoring 
purposes. 

The data obtained are shown in Tables IV and V. All 
bias and audio input currents are given peak to peak. 
Errors in the data have been reduced by repeating each 
experiment several times and averaging the results. The 
following is an attempt to estimate the remaining errors. 


TasLe IV. Experimental results for various levels of sinusoidal 
bias. 
Bias, ma Audio, ma Output, v Distortion, % 
0.00 0.4 0.00 _— 
0.5 O4 0.02 9.6 
1.0 O04 0.07 4.8 
1.5 0.4 0.18 2.9 
2.0 0.4 0.38 2.0 
2.5 0.4 0.31 2.2 
3.0 04 0.17 4.5 
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Tas_e V. Experimental results for the several bias waveforms. 


Bias,ma Audio, ma Output,v Distortion, % 


(a) Sinusoidal bias 2.0 0.0 0.00 os 
2.0 0.1 0.11 4.1 

2.0 0.2 0.20 2.1 

2.0 0.4 0.38 2.0 

2.0 0.6 0.56 2.4 

2.0 0.8 0.72 3.1 

2.0 1.0 0.89 3.8 

(b) Reetified sinus- 2.0 0.0 0.00 ome 
oidal bias 2.0 0.1 0.08 5.3 

2.0 0.2 0.16 3.6 

2.0 0.4 0.27 6.2 

2.0 0.6 0.40 7.3 

2.0 08 0.49 8.8 

2.0 10 0.61 10.7 

(c) Square wave 2.0 0.0 0.00 — 
bias 2.0 0.1 0.12 3.9 

2.0 0.2 0.22 1.9 

2.0 0.4 0.41 1.8 

2.0 0.6 0.59 2.6 

2.0 0.8 0.76 3.6 

2.0 1.0 0.94 4.2 

(d) Reetangular 2.0 0.0 0.00 — 
bias 2.0 0.1 0.11 4.3 

R—1 2.0 0.2 0 20 2.3 

2.0 0.4 0.37 2.2 

2.0 0.6 0.54 2.7 

2.0 0.8 0.69 3.8 

2.0 1.0 0.85 4.9 

(e) Reetangular 2.0 0.0 0.00 — 
bias 2.0 0.1 0.08 5.4 
R—1.5 2.0 0.2 0.15 3.7 

2.0 0.4 0.26 6.6 

2.0 0.6 0.38 7.8 

2.0 0.8 0.46 9.4 

2.0 1.0 0.57 11.5 

(f) Reetangular 2.0 0.0 0.00 — 
bias 2.0 0.1 0.06 7.6 

R—3 2.0 0.2 0.12 4.1 

2.0 0.4 0,23 8.0 

2.0 0.6 0.33 9.4 

2.0 0.8 0.40 11.0 

2.0 1.0 13.0 


0.50 


The total error may be found by computing the root sum 
square of the individual errors. 

The measurements of output level are subject to inac- 
curacies of the input levels as read on the calibrated oscillo- 
scope (++ 5%), errors in the resistance value of the resistors 
across which the input currents are measured (+5%), 
error in the voltmeter calibration of the distortion meter 
(+5%), and “flutter” in the output signal (+0.01 v). 

The measurements of harmonic distortion are subject to 
errors caused by second-order effects from the errors men- 
tioned above for output level measurements (from 0 to 
+1% distortion, depending on the slope of the distortion 
vs amplitude curve), distortion in the playback channel 
(+0.2% distortion at the 0.2-v level, in general increasing 
exponentially with output level), inherent distortion in the 
output of the audio signal generator (+-0.7% distortion), 
inherent inaccuracy of the distortion meter (+5% of full 
scale), flutter in the distortion meter output (+0.2% dis- 
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tortion at the 0.2-v level, slightly greater at higher output 
levels), and noise (5 mv). 

The observed flutter in the distortion meter read-out is 
probably partly due to actual flutter and wow caused by 
the tape deck and partly due to fluctuations of the so-called 
“noise behind the signal” characteristic of magnetic record- 
ing. 


CONCLUSIONS 


In this section the experimental data are compared to 
the data calculated from the power series approximation to 
a B,-H curve. 

Table IV shows that as the sinusoidal bias amplitude is 
increased, the recorded signal increases to a maximum value 
and then decreases. It is in this decreasing output region 
that most recorders are biased, this type of operation being 
known as “overbiasing.”” However, minimum harmonic 
distortion is achieved at values of bias slightly below that 
necessary for maximum output. Therefore the rest of the 
data have been taken at 2.0 ma of bias current, near peak 
output. 

In general, for all bias waveforms, the experimental data 
show that distortion increases as audio level increases, ex- 
cept for very low levels where the noise and pickup provide 
fixed voltages which the distortion meter cannot distinguish 
from harmonics. Output always increases with audio input, 
with some tendency toward saturation. In all this the ex- 
perimental data agree with the calculated data. 

Both nonsymmetrical bias waveforms, rectified sinusoidal 
and rectangular, result in much greater distortion than the 
two symmetrical bias waveforms, sinusoidal and square 
wave. Furthermore, as the symmetry grows poorer the 
distortion increases, as is shown in Table V, parts (d), (e), 
and (f). This agrees with the calculated data and with 
predictions made by Zenner. 

The experimental results indicate slightly less distortion 
with square wave bias than with sinusoidal bias. The dif- 
ference is less than the acknowledged experimental error, 
so it is only safe to say there is little difference between the 
two. The power series analysis indicates about twice as 
much distortion with square wave bias as with sinusoidal. 
The discrepancy may be due to the poor fit of the power 
series to the actual B,-H curve near the origin. If this is 
the case, it means that Zenner’s sinusoidal analysis contains 
a degree of error: the square wave analysis given here is 
unaffected by the region near the origin, since the square 
wave does not exist in that region for any finite time. 

On the other hand, the mathematical analyses have been 
based on an assumption which is not strictly valid for the 
experiments performed here. It has been assumed that 
each element of tape receives a value of remanent flux 
density dependent upon the instantaneous sum of the bias 
and audio currents at the moment the element of tape passes 
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under the record head gap. This assumes a long wavelength 
of bias signal along the tape compared to the gap length. 
But in these experiments the bias wavelength is 3.75 in./sec 
> 20,000 cps = 0.000188 in. and the gap length is 0.00016 
in. 

If the bias wavelength were short compared to the gap 
length it could be assumed that the recorded signal de- 
pended only on the instantaneous value of audio and the 
peak value of bias. If the relationship were reversed it 
could be assumed that the recorded signal depended on the 
instantaneous sum of audio and bias. But in these experi- 
ments, neither is quite true, and the recorded signal will 
depend on the instantaneous value of bias, but will be 
strongly influenced by the peak value of bias. 

This is borne out by a comparison between parts (a) and 
(c) of Table V. Since the bias is at approximately the 
value for maximum output, square wave bias should result 
in higher output than sinusoidal bias, because it operates 
along the steep slope of the B,-H curve during its entire 
period. But instead of the roughly 30% expected differ- 
ence in output, the difference is only about 10%. Because 
of the short bias wavelength along the tape at 20 kc, the 
recorded signal is influenced by the peak value of bias cur- 
rent, and all waveforms of bias tend to have a square wave 
effect. 

If the experiments were repeated at a tape speed of 7.5 
in./sec and with a lower bias frequency, the experimental 
and calculated data would probably coincide more closely. 
But the results would not have much meaning for practical 
tape recording, since 40 kc is generally considered to be the 
practical lower limit for bias frequency. 
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A Low-Distortion Volume Expander for Home Use 


R. J. Mattuys 


Minneapolis-Honeywell Regulator Company, Minneapolis 13, Minnesota 


The proper design of a volume expander is discussed. The problems of feedback, low distortion, 
linear expansion, maximum thump cancellation, and attack and decay time selection are covered 
in detail. The performance of an expander built using the design ideas discussed is given. The 
expander has 19 db of expansion and a 0.5-msec attack time. The expander adds more life to 


music and makes more pleasant listening. 


INTRODUCTION 


PROPERLY designed volume expander can add con- 

siderably to the reproduction of music. It performs 
three main functions. It acts as a partial compensation for 
(1) the compression that occurs during the recording of 
records; (2) the volume compressor action in FM radio 
transmissions; and (3) it can add additional dynamic range 
to music, which for the writer, adds considerable life and 
color to it. 

Additional dynamic range does not help on string quartet 
or solo music, or even on some types of organ music, but 
orchestral music in general sounds better with the additional 
dynamic range. After listening with the expander for a 
while, most orchestral music sounds dead without it. 

There are many different types of expanders described in 
the literature.' The variable shunt resistance type first 
described by Pickering? in 1947 appears to be one of the 
best circuits. It has the advantage of having a definite 
limit to the expansion so that the effect of static and any 
other unexpected clicks and pops is limited and cannot 
deafen the listener or ruin a tweeter. A volume expander 
using the 6AR8 sheet beam deflection tube also appears to 
offer good possibilities.* 


EXPANDER DESIGN 

The design of an expander can be broken down into four 
areas: (1) low-distortion amplifiers without the use of feed- 
back, (2) linear expansion, (3) maximum cancellation of 
thump or expansion transients, and (4) attack and decay 
time selection. Each of these will be discussed in turn, 
with special reference to the variable shunt resistance 
expander. 

The operation of a variable shunt resistance expander is 
shown in Fig. 1. The plate resistance of tube V2 is varied 


1F. W. Roberts and R. C. Curtis, J. Audio Eng. Soc. 1, 310 (1953). 
2N. C. Pickering, Audio Eng. 31, No. 8, 7 (September, 1947). 
3 J. N. Van Scoyoc, IRE Natl. Convention Rec. Pt. 7, 42 (1959). 


by applying a negative dc voltage to its grid. Thus, it acts 
as a variable shunt resistance on the load resistance of V, 
and varies the gain of the stage in this manner. The plate 
resistance of V2 varies from a low value with no expansion 
to infinity at maximum expansion. The dc voltage is the 
expansion signal which is obtained by rectifying and filter- 
ing the audio input signal. 

The expansion stage must be designed to have inherently 
low distortion without the help of feedback around the 
expansion stage. This is because the amount of feedback 
varies with the forward gain. With no expansion, the for- 
ward gain of the stage is low and the amount of feedback 
is small. This results in the amount of feedback at low 
expansion levels being too small to provide any significant 
reduction in the distortion of the expansion stage. If the 
cathode resistors R,, in Fig. 1 are made large enough, 
cathode feedback can be used to reduce distortion in the 
stage without being affected by the level of expansion. 

Obtaining a maximum amount of linear: expansion per 
stage requires a juggling of several factors. It can be ques- 
tioned as to whether the expansion actually should be linear, 
as the volume compressors used in FM transmitters and 
disk recorders are nonlinear. Their compression rate in- 
creases considerably at high signal levels. In any case, the 
variable shunt resistance type of volume expander is in- 
herently nonlinear. The expansion can be made approxi- 
mately linear by adjusting the various parameters so that 
their nonlinearities cancel each other. 

The effect of the various circuit parameters on the expan- 
sion can be shown by simplifying Fig. 1 into its equivalent 
circuit, as shown in Fig. 2. The variable plate resistance of 
V» is shown as R, and the plate resistance of V; as R,. The 
gain of the stage is 


Eo/E, = 1/{[1 + (Rp/Rx)] [1 + (Ri/R,)]}. 


This is plotted in Fig. 3 to show the expansion obtained 
for various values of the parameters R,, R,, and R,. The 
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Fic. 1. Variable shunt resistance expansion stage. 


expansion is larger and more linear when R, is much smaller 
than R,. The same value of R, will give more expansion 
when R, is larger than R,, (preferably 10 times larger). 

Several practical considerations enter the picture here. 
A low value of plate resistance for R, is expensive in terms 
of plate current, and the maximum impedance of an inter- 
stage transformer for R, is limited by winding capacitance 
effects. The highest impedance interstage transformer com- 
mercially available is 30,000 ohms, plate-to-plate. Some of 
these transformers, if designed well, can be used at twice 
rated impedance without too much trouble. Thus, to ob- 
tain the maximum linear expansion per stage, R, should be 
the minimum value allowed by the plate current available 
and R;, and R, should be the maximum values obtainable. 
The plate resistance R, of V; in Fig. 1 can be made four 
times larger by using un-bypassed cathode resistors Ry. as 
shown in Fig. 1. 

Feedback applied around the expansion stage to reduce 
distortion at high signal levels also has a nonlinear effect 
on the over-all expansion characteristic. If the forward 
gain is A, which changes with expansion, then the over-all 
gain is 

G=A/(1 + Ap). 


This is plotted in Fig. 4 for several values of 8. The 
values of 8 are those that give 0, 10, 20, and 30 db of feed- 


ac) Rs 


Fic. 2. Equivalent circuit of Fig. 1. 


R. J. MATTHYS 


back at a forward gain of 35 db (60 x). The gain factor 
of 60 is a convenient number to use because it approxi- 
mates the maximum forward gain of the expansion stages 
in the expander that was built. Figure 4 shows that the 
expansion is nonlinear, dropping off as the forward gain 
increases. The maximum expansion available decreases as 
the amount of feedback is increased. If a large amount of 
feedback is used, most of the expansion in the forward gain 
is lost and very little over-all expansion is then available. 

To compensate for the drawback of reducing the maxi- 
mum amount of expansion available, feedback has the ad- 
vantage of reducing the distortion at high signal levels. 
Furthermore, it compensates considerably for the nonlinear 
expansion characteristic of the variable shunt resistance 
tubes in Fig. 1, which in general are nonlinear in the oppo- 
site direction to the nonlinearity of the feedback curves in 
Fig. 4. 


Fic. 3. Gain (expansion) vs shunt resistance. 


The third design area is to minimize the thump signal in 
the audio output.* The thump signal is actually the expan- 
sion signal plate current in the shunt resistance tubes and 
usually shows up in the audio output when the expansion 
is changed, especially during the attack time interval. The 
appearance of the thump signal in the output is a noise 
which detracts from the music. Thump cancellation can 
be attained in single-ended arrangements! but is more com- 


4D. E. Maxwell, Proc. Inst. Radio Engrs. 35, 1349 (November, 
1947). 
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monly done in push-pull, using the coupling between the 
two primary halves of a push-pull transformer to cancel 
the thump signal. 

The single-ended arrangement is not as satisfactory as 
push-pull, because it is more dependent on the tube gains 
remaining constant over a long period of time. The push- 
pull arrangement has the disadvantage of requiring a good 
wide-band transformer which is expensive and introduces 
about 12% distortion due to the transformer core. The 
transformer also makes the problem of feedback more diffi- 
cult. 

For best results with the push-pull arrangement, the push- 
pull variable shunt resistance tubes shown as V2 in Fig. 1 
should be a matched pair. The common mode coupling in 
the transformer should also be small, so that during the 
attack time when the expansion is increasing rapidly, the 
expansion signal in the V2 tubes will cancel out. If the ex- 
pander is to have a very short attack time, the two halves 
of the primary winding must be tightly coupled together at 
high frequencies as well as at low frequencies and the com- 
mon mode coupling in the transformer must be low. Dur- 
ing a fast attack, the start of the expansion signal in the 
shunt resistance tubes is essentially a square wave with a 
fast rise-time. The leading edge of this signal contains 
many high-frequency components which will show up in 
the audio output unless the thump cancellation is good at 
high frequencies. This requires that the two halves of the 
transformer primary winding be tightly coupled to each 
other and have equal capacitive coupling to the secondary 
windings. 

The fourth design area is the selection of the expansion 
attack and decay times. Ideally, unless trying to compen- 
sate for compressor action, the expander should have an 
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Fic. 4. Over-all expansion vs forward gain as a function of feedback. 
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Fic. 5. Block diagram of volume expander. 


instantaneous attack time and a decay rate that instantane- 
ously adjusts itself to the decay of the musical sound level. 
The usual method of obtaining the attack and decay times 
is to charge up a condenser as fast as possible and then let 
the charge leak off through a high resistance. The attack 
time is the RC charging time constant, and the decay time 
is the RC discharging time constant. 

It is possible to obtain instantaneous attack and decay 
times by not charging a condenser at all, and instead, ap- 
plying the full-wave rectified expansion signal directly to 
the grids of the shunt resistance tubes. This places stiffer 
requirements on the transformer by calling for small com- 
mon mode coupling at all audio frequencies—not just at 
frequencies slower than the attack time. However, because 
one of the purposes of an expander is to compensate for 
volume compressor action, the usual practice of charging 
and discharging a condenser was followed in the expander 
that was built. 

There are some indirect criteria available for determining 
how fast the attack should be to make it unnoticeable. 
Olson states that if the duration of a tone is very short, 
say about 1 msec, it appears as a click to the ear. If the 
tone duration is 13 msec or more the ear can recognize the 
pitch of the tone,® and a good musical ear can tell a 10-msec 
difference in the duration of two tones.° These numbers 
give an indication of the response time of the ear. Thus, if 
the attack time is 1 msec or less the effect of any thump 
transients during the attack will be minimized, and the effect 
on the ear of the music during the attack interval appearing 
to be 1 msec late will be small. 

The decay time does not appear to be as critical as the 
attack time. In practice, the writer finds that only two 
values are used, 2.5 sec on fast music and 5 sec on slow 
music. 

Using the same condenser for both the attack and decay 
times raises a further problem in that the condenser dis- 
charge resistor is also the grid leak for the shunt resistance 
tubes. The maximum resistance of a grid leak is limited 


5H. F. Olson, Musical Engineering (McGraw-Hill Book Company, 
Inc., New York, 1952), p. 250. 

6H. F. Olson, Acoustical Engineering (McGraw-Hill Book Com- 
pany, Inc., New York, 1957), p. 576. 
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15 db OF FEEDBACK AT MAXIMUM EXPANSION 


680K 


+Z00V. 


be used to obtain the 5-sec decay time. 


Fic. 6. Volume expansion stages. 
by grid current, and this means that a large condenser must 


The rub is that 
the large condenser must be charged from a power ampli- 


fier in order to obtain a short 


requires a one mf condenser. 
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Fic. 7. Ten-watt power amplifier and rectifier circuitry. 
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300% 


——> TO EXPANSION 
STAGES 
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TO RECTIFIER 
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Fic. 8. Preamplifier circuit. 


0.3 msec, 4.2 w of power are necessary to charge the con- 
denser up to the required 50 v in 0.3 msec. Because the 
charging voltage is not dc but a series of full-wave rectified 
sine waves, it will actually take 6.6 w to charge the con- 
denser to 50 v in 0.3 msec. Singer’ gives a method of ob- 
taining a fast attack that may not require such a large 
power amplifier. 

There is one other question that arises; that is, whether 
or not the expansion signal should be limited to frequencies 
in the middle of the audio range. The writer believes that 
the expansion signal should not be limited in bandwidth. 
Volume compressors are used to reduce the dynamic range 
of the signal, and to do this they must compress any loud 
signal within the audio range. If the expander is to com- 
pensate for volume compression, it must expand for any 
loud signal in the audio range. 


EXPANDER CIRCUITRY 


A block diagram of a variable shunt resistance volume 
expander using these design ideas is shown in Fig. 5. The 
expander has an over-all gain input to output of 7.1 
with no expansion and 65 at a maximum expansion of 
19 db. 

The expansion circuit is shown in Fig. 6. It consists of 
two cascaded expansion stages to increase the expansion 
available. The shunt tubes in the first stage are two 5687 
twin triodes connected in push-pull parallel to give 20 db 
of expansion. The shunt tubes in the second stage are two 
6BC8 twin triodes also connected in push-pull parallel to 
give 14 db of expansion. Feedback of 15 db around the 
two expansion stages reduces the 34-db expansion available 
to 19 db. If feedback were not used the shunt tubes in 
both stages would be 6BC8’s because of their linear expan- 
sion characteristics, but the nonlinear expansion of the 
5687’s is needed to compensate for the nonlinear effect of 
feedback on the expansion. 

The common mode coupling in the transformers was re- 
duced considerably by connecting the secondary windings 


7G. A. Singer, Audio Eng. 34, 18 (November, 1950). 
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Fic. 9. Over-all volume expander input vs output. 


in parallel rather than in series. The shunt tubes draw 7.5- 
ma plate current per triode for a total shunt tube current 
of 60 ma with no expansion signal. 

The interstage transformers are rated at 30,000 ohms, 
plate-to-plate, and are operated at 65,000 ohms plate-to- 
plate. The response of each transformer is flat to 40 kc 
where they each drop off sharply at 19 db/octave. This is 
corrected with a single 6 db/octave roll-off network. To 
avoid generating distortion, the roll-off is split into the two 
RC networks shown to raise the impedance level and avoid 
loading effects on the tubes. 

The equivalent circuit values for calculating the expan- 
sion of the 5687 stage as shown in Figs. 2 and 3 are: R, = 
100K, R,;, = 65K, and R, = 4.4K to infinity. This gives 
an R,/R,, ratio of 1.6. The values for the 6BC8 stage are 
the same except that R, = 9.8K to infinity. 

The 10-w power amplifier and rectifier circuitry that pro- 
vides the expansion signal to the shunt resistance tubes is 
shown in Fig. 7. The output transformer was hand wound 
by the writer, but any good output transformer will do by 
changing the circuit a little. There is 9 db of feedback 
around the amplifier plus an additional 11 db in the cathode 
windings of the 5881’s. The output impedance of the am- 
plifier and full-wave rectifier is 20 ohms. The minimum 
load impedance the amplifier will work into without dis- 
tortion is 100 ohms. This requires a 100-ohm resistor in 
series with the l1-mf charging capacitor to prevent distortion 
at high frequencies. This gives an RC attack time constant 
of 0.12 msec. 
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Fic. 10. Oscilloscope photograph showing the expander output 
signal when a step input of 18 db of expansion is applied. Sine wave 
frequency is 10 kc. 


The preamplifier circuit is shown in Fig. 8. There is 
23 db of feedback around it to keep the distortion low. 


EXPANDER PERFORMANCE 


The expansion performance is shown in Fig. 9 which is 
a plot of the output signal versus the input signal. The 
actual expansion obtained is the difference between the 
maximum expansion curve and the “no expansion” curve. 
The maximum expansion is 19 db. 

To show the fast attack time of the expander, Fig. 10 is 
an oscilloscope photograph of a 10-kc output signal with a 
step input of 18 db of expansion applied. Each cycle of 
the 10-kc signal corresponds to 0.1 msec. Figure 10 shows 
that the expansion is essentially complete in about 5 cy or 
0.5 msec. 

Note the lack of spurious transients during the expansion 
attack interval. The slight offset of the 10-kc signal during 
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Fic. 11. Over-all frequency response of volume expander. 


the attack time is a thump signal and is due to the mis- 
match between the push-pull 6BC8’s. The 6BC8’s are 
harder to match than the 5687’s because of their remote 
cutoff characteristic. 

The frequency response of the complete expander is 
shown in Fig. 11. The feedback changes with expansion, 
and consequently the frequency response also changes. 
With no expansion, the response is 3 db down at 15 cps 
and 17 kc. With maximum expansion the response is 3 db 
down at 7 cps and 50 kc. The harmonic distortion with 
any degree of expansion is 0.7% at maximum output. 

Because two audio transformers are used in the expander, 
the intermodulation distortion is of interest. The distortion 
generated by transformers is mostly at low frequencies, and 
since intermodulation distortion is essentially a measure of 
low frequency distortion, it will indicate whether or not the 
transformer distortion is excessive. The intermodulation 
distortion using 60 cps and 7 kc at any degree of expansion 
is 1.8% at maximum output. 

The frequency response of the 10-w power amplifier and 
rectifier circuit is 3 db down at 20 cps and 170 kc. Its 
response is not affected by the reactive load which is a 
100-ohm resistor and a 1-mf condenser. 

Figure 12 is a photograph of the completed expander. 
The power supply is on another chassis. 


Fic. 12. Completed volume expander. 


CONCLUSION 


A good volume expander must be heard to be appreciated. 
A properly designed expander with low distortion and a 
fast attack adds much life and color to music. The ex- 
pander’s short attack time of 0.5 msec makes the expansion 
appear to be instantaneous. There is no trace of a delayed 
expansion, even on loud cymbal crashes or other sharp 
percussion sounds. 

After using the volume expander for a while, the writer 
finds that some types of music sound flat and colorless with- 
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out it. In fact things have gone so far that even at live 
concerts the writer feels somewhat disappointed when the 
apparent sound level during loud passages does not double 
when the musicians double their efforts. 

With music that sounds well with the expander, listeners 
cannot tell that it is in the circuit. They only notice that 
the music has more dynamic range and is more pleasant 
listening. 


THE AUTHOR 


R. J. Matthys is an electrical engineer at Minneapolis- 
Honeywell and is concerned with precision gyros for inertial 
platforms. As a test engineer, he has tested gyros and designed 
precision test equipment. Now as a senior development engi- 
neer, he is working on advanced precision gyros for navigation. 
Mr. Matthys has experimented in audio as a hobby for many 
years, and this paper is a result of that hobby. 


Seventh Annual 


Western Convention and Exhibit 
March 8-11, 1960 


An extensive exhibit of early recording equipment was a 
highlight of the Seventh Annual Western Convention held 


Speakers at the banquet, Wednesday, March 9, Alexandria Hotel, Los 
Angeles. Left to right: Walter Selsted, Ampex Corp.; Herb Brown, Ampex 
Corp.; Harry Bryant, Radio Recorders; Ray Pepe, James B. Lansing Sound, 
Inc.; and Art Gilmore, master of ceremonies. 


Shown with sonie of the antique sound and recording equipment are A. R. 
Phillips, historian; Sherman Matthews, curator of the Los Angeles County 
Museum; and Harry Bryant, AES president. The gentleman in the back- 
ground is unknown. 


last March. On loan from the New Almadan Museum of 
San Jose, the Los Angeles County Museum, and friends and 
members of the Society, the display included the first mag- 
netic phonograph pickup; an early 2-tube Magnavox am- 
plifier and horn; and an early Victor phonograph used in 
the first broadcast station. The exhibit was well-attended 
throughout the convention and helped to attract a sizable 
audience to the Friday night symposium, “The Recording 
Industry—Its Past, Present, and Future.” 

Forty interesting and enlightening technical papers were 
presented at the technical sessions. Several appear in this 
issue. 


*3 


Participants in the Sympedom, Friday, March 11. Left to right: John T. 
Mullin, Minnesota Mining and Manufacturing Company; John G. Frayne, 
Consolidated Electrodynamics Corp.; B. B. Bover, CBS Laboratories; A. R. 
Phillips, historian; Norman Chalfin, Hughes Aircraft Company; James W. 
Bayliss, Capitol Records, Inc.; Harry Bryant, Radio Recorders; Skipworth 
Athey, Ampex Corp.; and William B. Snow, consulting engineer. 

At the banquet Wednesday evening, Art Gilmore was 
master of ceremonies and the four speakers were Harry 
Bryant, AES president; Walter Selsted, AES western vice 
president; Herb Brown, president of the Magnetic Record- 
ing Industry Association; and Ray Pepe, president of the 
Institute of High Fidelity Manufacturers. 

Although the total attendance was less than last year, the 
various technical sessions were as well-attended and the 
convention was considered a success. 
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AES News 


DISCUSSION ON COMPATIBLE RECORDS FOR STEREO indiana Technical College 


On Wednesday, February 23, the New York Section of the AES November 10,1959 
held what might mildly be called a rough and tumble meeting on Field trip to Electro-Voice, 
the subject of compatible records for stereo. Inc., Buchanan, Michigan 

In the early part of 1960, some publicity on compatible stereo 
records was announced in the trade press. As usual, claims and 

. counterclaims flew fast and furious. The basis of the compatibility 

‘2 technique described in the press and discussed before the AES is a 

% simple one. The technique involves reducing the stereo difference 

% information, the vertical component of the stereo groove. This re- 

duction normally takes place below 100 cps, with 100 cps down 3 db 

‘ and 50 cps down 7 db. The reduction of the difference information 

’ below 100 cps minimizes tracking problems with monophonic car- 

‘ tridges and does not materially degrade the stereo effect but still 

permits playback on either mono or stereo equipment. 

A test record was distributed at the meeting to all those interested 


a : 7 Rensselaer Polytechnic 
in listening to the demonstration on their own system which would _fngtitute 

eliminate the variable of an unfamiliar rig. The record was double- December 15, 1959 
faced with the same basic program material on each side except for On campus 


one difference—one side was recorded using the Fairchild 641 stereo 
disk cutter and the other side was cut with the Westrex 3C cutter. 
Both systems were used to emphasize the possibility of utilizing the 
technique on either of the two systems in use in this country today. 
The original compatible records that were released to the market (on Japan 


the Design label) were made on the Fairchild 641 system. January 22, 1960 
The test records included several different selections recorded mono- _ International House 
phonically and stereophonically, compatible and standard. A demon- of Japan, Tokyo 


stration was held during the meeting, and later comment by many 
individuals based on this and further listening to the demonstration 
disk seemed to indicate that it was extremely difficult to differentiate Indiana Technical Coll 
between the standard stereo and the compatible stereo. “ acl ~y om — 

The panel discussion was somewhat lethargic with Mr. Mosely oye Tube Plant 
energetically upholding the cause of the compatible disk. He has I di li = di , 
since written an article on the technique with additional wear data eee aia nae 
which will be published in the near future. 

However, the question and answer period had aspects of a street 
brawl at times. It was exciting although inconclusive, except that 


Indiana Technical College 
it did promote more thinking along the lines of compatible records. February 10, 1960 
The meeting also had, as a member of the audience, the renowned Qn campus 


Metropolitan Opera star, Mr. Leonard Warren, who presented the 
artists’ point of view surrounding many of the recording techniques 
and developments of the past few years. Just a week later, after 
this meeting, Mr. Warren collapsed and died on the stage of the ; 
Metropolitan. Certainly the worlds of music and recording lost a Pittsburgh, Pennsylvania 
tremendous artist, an artist who understood many of the problems February 10, 1960 2 

of audio and recording. Opus One High Fidelity 

DonaLp PLUNKETT, Studios 
Fairchild Recording Equipment Corporation 


SECTION NEWS REPORT 
New York, New York 


Section, Date and Place Program February 19, 1960 
Rensselaer Polytechnic “The String Quartet in High Fidelity— ODO Recording Studio 
Institute A Discussion of Realism in Sound Re- 
October 5, 1959 production,” by Dr. Robert E. Whallon 
On campus of the Language and Literature Depart- 

ment. 


Following the program, prospective 
new members were introduced and the 
history of the section retold for them. 
Topics for future meetings were dis- 
cussed and the treasurer’s report given 
(funds in account, $42.20). 
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Nine members of the ITC Student Sec- 
tion attended this field trip, arriving in 
Buchanan at 10:30 a.m. After an inter- 
esting hour touring the production lines 
the section, in the company of the heads 
of the four engineering departments, was 
treated to an excellent lunch. The after- 
noon was spent in a thorough inspection 
of the engineering departments and labo- 
ratories which was of great interest to 
those curious about what it is like “after 
graduation.” The high point of the trip 
was the wide-range informal question and 
answer session which brought the visit to 
a close. 


Professor Andrew Fairbanks of the Me- 
chanical Engineering Department con- 
ducted a tour of the R. P.I. clock chime 
system and described for the group its 
functioning and history. The meeting was 
well-attended (members only because of 
the tour) and highly interesting. 


“Audio in the States,” by John H. Naka- 
mura, vice president, Apollo Industries 
Company. 

Slides and 8 mm film taken during a 
visit to the United States in November, 
1959 were shown. Attendance was good. 


Ten members took this highly interesting 
hour-long tour of miniature and regular 
receiving tube facilities. Although there 
was little of direct audio interest except 
insights into quality control problems, the 
trip was very informative and enjoyable. 


“Stereo,” by Maurice Alexander, Magna- 
vox Company. 

The business meeting briefly covered 
upcoming field trips and the banquet. 
The annual yearbook picture of the group 
was taken. 


“Stereo Recordings Revisited—Advances 
or Declines after Two Years of Produc- 
tion,” by Tassos Spanos and Ed Leaven- 
worth, Opus One High Fidelity. 

Thirty people were present for the 
comparative demonstration and discus- 
sion of old and new stereo disks and 
cartridges. 


“4 Compatible Stereophonic Disk?” was 
the subject of a lively, obviously contro- 
versial, panel discussion moderated by 
John Bubbers, B&C Recording. John 
Mosely demonstrated and discussed the 
results of the tests he had executed and 
the rest of the panel, Jerry Minter, Com- 
ponents Corporation, and Sidney Feld- 
man, Mastertone Recording, continued 
the discussion with questions and com- 
ments from the floor. One-hundred thirty 
people attended and about one quarter of 
them took part. 
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See p. 206 “Discussion on Compatible 
Records for Stereo,” for further com- 
ment on this new development. 


“RCA Cartridge Tape Recorder,” by Mr. 
Matsumoto, American Electronics Enter- 
prises. 

At the business meeting, the member- 
ship (sixteen present) decided to publish 
a News Letter and L. E. Geisler volun- 
teered to act as editor. 


Japan 

February 26, 1960 
International House 
of Japan 


Pittsburgh, Pennsylvania 
March 9, 1960 

Joseph Horne Music 
Center 


“Data Processing” by Robert Wagoner, 
International Business Machines. 

The history and evolution of the mod- 
ern electronic computer, from the purely 
mechanical device to the solid-state core 
type. 

The 25 attending members found the 
talk surprisingly interesting, even though 
it was not on audio. Included was an ex- 
cellent film depicting man’s history of 
thought and organization. The turnout 
was excellent considering that this was 
the evening of a terrible blizzard. 

At the business meeting, it was moved 
and passed to have the secretary poll the 
voting Pittsburgh membership regarding 
the proposed nomination of Antony 
Doschek, Pro-Plane Sound Systems, to 
the National Board of Governors. 


“Single-Ended Push-Pull Transistorized 
Amplifier,” by Leonard E. Geisler, Apollo 
Industries Company. 


Japan 
March 18, 1960 
International House 


of Japan 
Southern Tier “Audio Seminar.” A free-for-all discus- 
March 29, 1960 sion of current audio developments. 


Johnson City, New York Everyone had a chance to be heard and 
several lively moments developed in the 


course of discussion. 
New York City 
April 20, 1960 
Mastertone Studios 


“What are the Loudspeaker Problems for 
Effective Stereo?” 

A large audience of about 85 people 
attended this panel discussion, moderated 
by Norman Crowhurst, free-lance audio 
consultant and writer, which covered the 
many-sided and interesting topic of the 
effect of loudspeaker placement on stereo 
perception. The panel consisted of: Saul 
White, Audax Division of Rek-O-Kut 
Corp.; R. T. Bozak, R. T. Bozak Co.; 
Victor Brociner, University Loudspeak- 
ers, Inc.; and George Sioles, CBS Labo- 
ratories. 


SOCIETY SOUND TRACK 
Theodore (Ted) Lindenberg from chief engineer at Pickering and 
Company to Astatic Corporation as director of engineering. 


Herman EZosmer Scott, H. H. Scott, Inc., elected chairman of the 
board of the Institute of High Fidelity Manufacturers. 


Walter O. Stanton, Pickering & Company, elected vice president of 
the Institute of High Fidelity Manufacturers. 


Erling P. Skov has assumed responsibility for professional product 
engineering and development at Fairchild Recording Equipment. 


See the May issue of Fortune for “Multifarious Sherman Fairchild.” 


MEMBERSHIP INFORMATION 
(January, February, March, April, 1960) 


New Memsers 
Members 


Allee, R. V.—Santa Monica, California 
Allison, R. F.—Cambridge, Massachusetts 
Andreas, E. H.—EI] Monte, California 
Ballard, K. C.—Arlington, Virginia 
Brettell, G. A—Redwood City, California 
Campbell, G.—Pittsburgh, Pennsylvania 
Carter, D. J.—Southall, Middlesex, England 
Coakley, Jr., P. S——Houston, Texas 
Edson, M.—Los Angeles, California 
Ellerbeck, G. C_—Fair Lawn, New Jersey 
Gibson, J. H.—Buchanan, Michigan 
Hahn, S—New York, New York 

Halter, J. B—Princeton, New Jersey 
Hartmann, W. L.—Pittsburgh, Pennsylvania 
Hewlett, T. N.—Dallas, Texas 

Hunter, D. L_—Eugene, Oregon 

Jaques, P. M.—New York, New York 
Jundt, J. E—Columbus, Ohio 

Kapp, M.—New York, New York 
Koeppe, E. P.—Indianapolis, Indiana 
Kovener, G. D.—Indianapolis, Indiana 
Lefrak, F. H.—Princeton, New Jersey 
Levy, S. E—White Plains, New York 
Litecky, P. A.—Springfield, Pennsylvania 
Ljungberg, L. F —Stockholm VA, Sweden 
McCarthy, R. T.—Columbus, Ohio 
McCoy, D. S.—Princeton,-New Jersey 
McWilliams, P. B—Columbus, Ohio 
Morgan, A. R.—Princeton, New Jersey 
Porrata Doria, O—Mayaguez, Puerto Rico 
Reiser, J. W.—Ann Arbor, Michigan 
Rhodes, M. W.—Anaheim, California 
Schlam, B.—Mexico D. F., Mexico 
Shipman, L. E.—Ludington, Michigan 
Stebbins, W. C.—Saranac, Michigan 
Storrer, W. A~—Cambridge, Massachusetts 
Wright, P. H—Albuquerque, New Mexico 


Associate Members 


Buyser, G.—Torrance, California 
Coleman, J. R.—Long Beach, California 
Coxhill, E. H—Belmont, Surrey, England 
Curtis, J. F —Cleveland, Ohio 

Dewevre, J. R.—Brussels, Belgium 

Ellis, P. V.—Portland, Oregon 

Kergan, A. G.—Vancouver, British Columbia, Canada 
Mazurczyk, H. T.—Harrison, New Jersey 
Nelson, C. M.—Indianapolis, Indiana 
Otobe, Y.—Tokyo, Japan 

Porter, G. C.—Rochester, New York 
Price, B—Brooklyn, New York 

Richman, W.—Haddonfield, New Jersey 
Schmidt, H. A.—Pittsburgh, Pennsylvania 
Seely, E. S——Sparta, New Jersey 

Wein, F.—Brooklyn, New York 


Students 
Eisenman, D.—Buffalo, New York 
Joseph, K. C_—Baton Rouge, Louisiana 
London, D. B.—Mexico D. F., Mexico 
McFarland, R.—Baton Rouge, Louisiana 
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Perry, C. C——Fort Wayne, Indiana 
Sanford, S. S——Fort Wayne, Indiana 
Stark, P. A—New York, New York 
Warren, H. J.—Arlington, New Jersey 
Wiseman, Jr., R. N.—Fort Wayne, Indiana 
Wyrtzen, J —Floral Park, New York 


Associate to Member 


Fowler, F. W.—Montreal, Quebec, Canada 
Sterman, A.—-Allison Park, Pennsylvania 


Student to Member 


Cloutier, M. E.—Lewiston, Maine 
Jones, W. P.—Drexel Hill, Pennsylvania 
Randveer, E.—Pine Falls, Manitoba, Canada 


Student to Associate 
Affeldt, F. J.—Philadelphia, Pennsylvania 
Bell, J. C—West Allis, Wisconsin 
Gomillion, T—Los Angeles, California 
Meyer, J. R.—Falls Church, Virginia 


Current Publications on Audio 


INDEXES 


List of Fixed Stations. (Available from the International Tele- 
communications Union, General Secretariat, Palais Wilson, Geneva, 
Switzerland.) 

This is the seventeenth edition and is in two volumes, each in two 
parts: Part A is an alphabetical index according to name of station, 
and Part B is an alphabetical index according to country. Prices are 
85 Swiss francs for Volume I (1034 pages) and 33 Swiss francs for 
Volume II (316 pages). 

Third Decennial Index. The Journal of the Acoustical Society of 
America will publish this index which is scheduled to appear in the 
latter part of the summer. It will incorporate the following three 
sections in 1100 pages: 


1. Author and subject indexes to papers published in the JASA 
during the period 1949-1958 inclusive. 

2. Author and subject indexes to contemporary papers on acoustics 
published in many other journals and listed in the JASA during the 
period 1949-1958 (approximately 13,500 references). 

3. Inventor, subject, and numerical indexes to acoustical patents 
reviewed in the JASA during the period 1949-1958 (approximately 
4000 patents). 

Prepublication prices are $7.50 to members and $15.00 to non- 
members. Regular prices are $10.00 te members and $20.00 to non- 
members. Inquiries and remittances should be addressed to the 
Acoustical Society of America, 335 East 45th Street, New York 17, 
New York. 


Unique 


TAPE 
STROBE 


EXCLUSIVE NEW STROBE 
DEVICE FOR CHECKING 
TAPE SPEEDS OF PLAYERS 
AND TAPE RECORDERS 


Immediately indicates off speeds as well as tape slippage. 
Checks drag brake efficiency. 

Adjustable to varying tape heights. 

Can be applied directly to moving tape. 
Finest parts and construction used throughout. 
Diameter accuracy .0002” 

Calibrated for tape speeds ranging from 1% ips to 30 ips for 
either 50 cycles per sec. or 60 cycles per sec. light source. 
Comes complete in handsome grey and red instrument case. 
ae DE OS ere ee $22.50 
Model B: 3%, 742 & 15 ips 
Model C: 1%, 3%, 7% & 15 ips 
For 50 cycle add $5.00 to price of model. Send check to: 


Scott Instrument Labs., Dept. 805 


17 EAST 48th STREET, NEW YORK 17, N. Y. 


AUDIO ENGINEER 


Outstanding opportunity for applicant with solid 
theoretical background and minimum of three years’ 
experience in high fidelity amplifier and preamplifier 
design work. Advancement. Broad employee benefits. 
Write fully, in confidence. 
Address: President 
Fisher Radio Corporation 
21-21 44th Drive, L. I. City 1, N. Y. 


Once you've tried the Tape Strobe, you'll never do without it. 


THIS QUARTER-PAGE SPACE 
AVAILABLE FOR NEXT ISSUE 
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Se “Neumann Disk Recording Equipment . . . and 
Neumann Stereo Cutting Systems represent just one of the quality lines sup- 
plied exclusively by Gotham Audio Corporation. And quality of equipment 
is just one of the reasons it pays to call Gotham. Equally important is the 
service Gotham gives you. Gotham’s Flying Lab is never more than 24 hours — 
from your problem . . . ready to speed Gotham’s skilled experts to you — 
for counseling . . - supervision of installation. sa al comacr 


GOTHAM AUDIO CORPORATION, 2 w. 46 St., N.Y. 36, N.Y., Tel: CO 5-4111 
Formerly Gotham Audio Sales Co. Inc. 


Exclusive United States Sales and Service Representatives for: NEUMANN, “the microphone standard of the world.” 


Journal of the Audio Engineering Society, July, 1960 


‘4, 
— 


PS 


sii 


Botte 


es 


- . ne ae 
pier 
es 
a 
“i 
) 
Fg 
4 
= ' 
1 
: RET on.” — mS =) ‘ 4 ht cm 4 
Ar a : ‘(2 “i Be Sia ees ™ 
Rae gag 4 a Se Dae bt # 
9 Aer ee ‘ ie ia ee om 
| ae a — — 3 
| ; ou: ee *, 7: oa 
Rie ys ee 5 Sct ep Y 
ep ~ : moked 
ce. ie x , = - . ee Te 25 
Bigs ene Sa BG ee a 
ee Co on 
“aE a } # » 3 nt 
: peer Bt | ~ 3 ‘ Ps . pone Ne ; 
"aa oa Z “eae hae 3 
— pa. a p- ES -. pea ° 
i Oe _ a F oy ? oo 
; iy nae ; } es? ae a 
. <— ; het z od q # er © as a 
| or, Etre > — a ergs : “i e.. 
9 ipa. Pili. F P et Bere) 
» a ee 7 w af et tata ~ 
7 ~ ae Sean . fe ‘ . - . J ~| > F “ Pt 
ee aa a © 7 aa ibe 4 
; | Ee hase — - ‘ ; Se ss: niet 41g 
; ae Ieareize"= 5 % ~ ; , aay oi 
, - a BP gs ase . 4 Je BS * She a a 
i , Ching ef id * c ome ‘aye if ¥ 
| , * is ests : é g ; 4 > 49 Gana vee 7 
% Pa 2 : h As j a .. be oy 
a ae e Ne . ae ae 4 
ve ate Oe Nas 4 5 4 ae wae 2 
; 1 ee a 2, d ee ten r 
= 3 ole ; 4 a ‘ eee, ee 
4 Beg = f ; ; A S dee 
4 ae Aes : 775 a ; ay _ 
1a ee DD) ie Se! ; 
a oe a : % ‘5 Rit net q 
PA rk. ae ; E ar Ste ” 
a » Texel a. - NND 5 . on. ha. a t ‘ 
ie = ra Md Wekticl fry x eee , VO a i Ya isk Pd oe y 
fae: See aera | A a foe et . aan ae d 
ies 2? SERS ee fae RNAS 54 _ > os See .. 
NB). i ef Mere) Fin 2 ~ SADA va orgs a re hee - 1 Reape 
"4 | ae ee : if s eee. es “fe ay om s Ba. 5 
m Be sh nathan 5 SNARK SD «aes PP Sint, Ay. iss 
ir 5 cae eee ee i SSSNES7: oN ‘ia tone ‘ 
a ar ae Rue wy ee A, : ait B . vr 
—— ae ah a i Es 5" ae cae sats a 
. ae: eee. oh eee CAI AH! So) Ee i 9 Ca gaRReN he 
mal ig are =: * es ne : ee My: 2 a Aya 
ligt Re a: ea” Em Cees & ee. AS : ey, x 
{im eee nn : . - og pee! ae . ie 
5 oh Te a) i ne : — - te no. pe es) ‘ ae ay f 
: aie Vos ie ; a .: ESS ff ee tae ‘ 
olid | | ss ee a ie 4 
i Ties Toes ects, _ ¥, = ~ Spied elo Mera! hea es bert ph 
ars’ pe are ‘ea Bs ee OMS. eed Co A - i hae. Ws b 
te Saeed : 4 ae 5 aoe eae ee Spe 3 
fier a a. as Me. ae ae 8 
eee nl i : —ae rps eim cea hanes rk: 
fits gue gaa Me ee ee i eee git eR Pee : 
: <a “IRR gs ee as ee ae Gres y 
ee ee att i hae 23 ae : Jan eo eee. pera : ib tedee 2 
aes , —ee ae: “= eo. 7 - nage ee raage 4 4% te 
5 elles her: ee on Oe oe Pe A ae Pec are ie 
ee ae rns a Pee es 4 ere eee mA Na 
aha a 008. : oe = = ae So 3 age Oe NS SE aC Ete ots : Be 
ms St | ae oat Bist n°." dale oy ee Rae tte ae ap ie a 
oe Se ae Sl ee So a ie ne 
fe: i ee. eS ae a 
- Ges x eee. ; ve Pe ay b>) 
inlaw - , ¥ ni me 
; ia 
: “Te ee 
Rao es : ¥ a i ‘ (a if 
) c ais ie be Se Eg axes a ORS oe er es mee c. 
| aii ae _ the fies 46 G th N F oe  ilsiniainh 2 th ' $t ; ors = ; % ¥ 
x Vv ‘ a 
he a 1a 3 
| er : 
ae i Pm Urea. - 
ie ~ _ - 
Bh; co ia eo _ 
ee f ing a 
Ff E- : 
' i ps 
ae les ie 
a4 Se they k ee hc ore 
ae ae ao > [ay 3 Fe ae, ey 
rai se. = ae Md Pe | eeatie Fives, rei cag : 
| ett et ne ae fy 3 ies ; -. 
t 
i 
ere , 
4 
—CSCSSCSC‘CiéCY 1 a 
5 
; 
% 


STANDARD OF EXCELLENCE... 


By Design 


AMPEX 300 SERIES Magnetic Tape Recorders—designed for master recording— 
completely dominate the professional recording industry throughout the world. By 
producing the finest monophonic and stereophonic masters, the Ampex 300 has 


earned the recognition of “standard of excellence” from this critical, exacting industry. 


ARIZONA 

PHOENIX 

Audio Specialists 

333 East Camelback Road 


CALIFORNIA 

FRESNO 

Tingey Company 

847 Divisadero street 

LOS ANGELES 

Kierulff Sound Corporation 

820 West Olympic Boulevard (13) 

Magnetic Recorders Company 

7122 Melrose ae 

Ralke en 

849 North Hig iand ‘Avenue (38) 

NORTH HOLLYWOOD 

Concertmaster Sound 

11548 Addison Street 

PASADENA 

Audio Associat 

689 awd Fait ‘Oaks Avenue 

SACRAMENTO 

Ed Wismer & Associates 

1715 “‘S”’ Street (14) 

SAN DIEGO 

Radio Parts, Inc. 

2060 India Street 

be eae e 
jagnetic Recorders Company 

570 Market Street 


SAUGUS 
Sylmar Electronics 
Bouquet Canyon Road 


AMPEX PROFESSIONAL PRODUCTS COMPANY 


In addition—the Ampex Duplicators—the only 

commercially available high speed duplicators—have become the standard 
of the industry for which they were designed. The stability of mechanical 
operation of Ampex Duplicators (which incorporate the precision mechanism 
of the Ampex 300 running at speeds up to 120 in/per/sec) permit high speed 
duplication of recorded master tapes with utmost fidelity. 


For complete information: technical, application, specification—contact 
your nearest factory-trained Ampex Master Recording Dealer... 


COLORADO MISSOURI TENNESSEE 
DENVER KANSAS CITY MEMPHIS 
Davis Audio-Visual Company Burstein-Appiebee Company W & W Distributing Company 
2023 East Colfax Avenue (6) 1012 McGee Street (6) 644 Madison Avenue 
DISTRICT OF COLUMBIA NEW MEXICO TEXAS 
WASHINGTON, D.C. Sanders & Associates 
Audio-Acoustic Equipment C: 
Shrader Sound lncorporated 70 West Marcy Street 130 Fairview Drive ~— 
EL PASO 
ILLINOIS NEW YORK Sanders & Associates 
CHICAGO NEW YORK CITY 1225 E. Yandall Street 
Newark Electric Compan: Harvey Radio Company, Inc. SAN ANTONIO — 
223 West Madison Street (6) 103 West 43rd Street (36) Modern Electronics Company 
Lang Electronics Incorporated 2000 Broadway 
INDIANA 507 5th Avenue (17) VIRGINIA 
INDIANAPOLIS INI 
Tod North Capital Avenue’ OHIO Radio’ oe Company, Inc. 
0 apital Avenue ‘hee 
rons . COLUMBUS. corporat 3302 Westbroad Street 
ctronic Supply Corporation 
DES MOINES 134 East Long Street (15) WASHINGTON 
Mastertone Recording Company OKLAHOMA SEATTLE 
8101 University Avenue OKLAHOMA CITY pay Inc. 
Trice Wholesale Electronics en ANORES 
MARYLAND SPOKANE 
BALTIMORE 800 North Hudson Street 20th Century Sales 
High Fidelity House, Inc. PENNSYLVANIA West 1021 First Avenue (18) 
5127 Roland Avenue (10) me my ee 
ustin Electronics, Inc. 
MINNESOTA 1421 Walnut Street 


MINNEAPOLIS PITTSBURGH 
Lew Bonn Company Engineered Electronics, Inc. 
1211 LaSalle Avenue (3) 2046 West Liberty Avenue (26) 


AUDIO PRODUCTS DIVISION 


REDWOOD CITY 


Offices and Representatives in Principal Cities Throughout the World CALIFORNIA 


Journal of the Audio Engineering Society, July, 1960 
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IICROWAVE... 


Over 100 separate Kay-designed instruments are presently being 
used as basic research tools in industrial, governmental and edu- 
cational laboratories. 

These units, designed and precision manufactured by Kay 
Electric Company, serve a wide variety of fields by providing 
extremely accurate test, measurement and analytical data from 
sub-audio to microwave frequencies. 


WRITE FOR NEW KAY CATALOG 


KAY ELECTRIC COMPANY 
of Precision Electronic Test and Measuring Instruments 


Dept. AES-7, - Maple Avenue, Pine Brook, New Jersey CApito! 6-4000 


=) 
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PORTABLE, 
BASIC NOISE SOURCE 
— ACCURACY +0.1db. 


i 


&) CAT. NO 770 


Therma-Node's resistive element contained in 
noise head, is heated to a normal 2200° K, 
enerating adequate noise-power for noise 
igure measurements to 10 db. Nominal fixed 
noise temperatures — 2000-2400° K, read 
directly on panel meter to 2% accuracy. Inex- 
pensive resistive element has life expectancy 
of 10,000 hours. 


SPECIFICATIONS 

Noise Head: (Head A—Supplied) Fixed 
range — 2-1100 mc; output impedance 50 ohms, 
unbal.; N type connectors. 

Interchangeable Low Frequency Noise Head: (Head 
ie = — 300 mc; output impedance 50 ohms, 
unba!l. 

Ambient Source Probe: (For A and B Heads) Fre- 
quency range — 0 to 1100 mc; output im- 
pedance 50 ohms, unbal.; Accuracy — +1%. 

Selectabie-impedance Noise Head: — (Head C) range 
— .25-300 mc; output impedance 50, 100, 
200 ohms. 

Dimensions: 11.5” x 8” x 4.75” — 8 Ibs., incl. case. 

Power Requirements: 117V, 60 cps. 

Price: $495.00, with Head “A’’; Head “B’’: $175.00; 
Head “C”’: $125.00. f.0.b. factory. 
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AUDIO—VIDEO—VHF .. . In One Instrument! 


CAT. NO. 935-A 


Sweeping oscillator provides a wide range of 
frequency and repetition rates. 3 highly 
stable video bands; 8 customer selected 
fixed bands; 9 fundamental frequency VHF 
bands; linear, logarithmic and audio sweeps. 
Carefully shielded and filtered to prevent 
= signals on beat frequency video 
nds. 


SPECIFICATIONS 
Variable Frequency Ranges: 200 cps to 220 mc. 
(9 bands) 
Fixed Frequencies: Up to max. of 8 center freq. — 
20 kc to 12 mc. 
Audio Range: 200 cps to 20 kc. 
Selectable Sweep Width: 1 kc to 30 mc. 
Output Level: Continuously variable 1 V down to 
65 db. +5% over widest sweep. 
impedance: 70 ohms nom. (or 50 ohms). 
Sweep Output and Repetition Rates: Sawtooth 
for horizontal deflection of oscillator. Approx. 
V peak to peak. Output impedance — 1000 
ohms nom. 
Power Supply: input approx. 220 watts. 117 V 


(+10%). 
Price: $995.00, f.o.b. factory. 


Kay Soma-Grapn 


BASIC RESEARCH TOOL FOR 
SUB-AUDIO & AUDIO FREQUENCIES 


i. 


A sound spectrograph which produces perma- 
nent visual records of complex audio and 
sub-audio frequency waves. Three different 
recorded analyses of the waves are provided: 
the first relates frequency and intensity to 
time; the second relates intensity to fre- 
quency at any selected time; and the third 
relates average available amplitude to time. 
The Sona-Graph can be used for phonetic 
studies, speech education of the deaf, speech 
impediment correction and foreign language 
instruction. Non-speech uses include studies 
of noise, vibration, shock and impulse-type 
waves. The Sona-Graph is particularly ap- 
plicable to the Fourier analysis of waves of 
short duration. Modified Forms of the Sona- 
Graph are also being used for the study of 
cardiographic, encephiographic and subsonic 
waves. Range:85-8,000 cps. Price: $2295.00, 
f.0.b. factory. 
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BAH, HUMBUG! 


Yes, we have received this Scrooge-like reaction 
from some who read about CONAX by FAIR- 
CHILD. However, after use these opinions 
rapidly change. The skeptics become disciples, 
the opponent a proponent. Here’s the CONAX 
story: it can answer many of your problems. 


It is now possible to automatically over- 
come the problems of tracing distortion in 
recording, recording amplifier overload, 
head burnouts, fuse fussin’ and all the prob- 
lems that can result from the use of pre- 
emphasis in recording. 


Elimination of splatter in FM/Multiplex 
operations and the increasing of FM signal 
strength 4 to 6 db are possible through the 
use of CONAX by FAIRCHILD. 


CONAX by FAIRCHILD is also valuable 
in circuits that already employ limiters. 
CONAX can provide the limiter with extra 
discretion in the high frequency area. 


CONAX can effectively reduce distortion 
in tape recording, particularly at slow 
speeds. 


CONAX is an automatic high speed filter that 
is in constant operation. Filter action is inaudi- 
ble thanks to the high speed action of CONAX. 
CONAX divides program material into two 
channels mid- and low frequencies passing 
thiough untouched, and only the high frequen- 
cies are analyzed and controlled. In effect, 
CONAX previews the program material as it 
would appear if pre-emphasis were applied, finds 
and controls the high frequencies that will be 
troublesome with pre-emphasis. 


After this high speed control signals are re- 
combined and leave the CONAX to be fed to 
any audio equipment in normal fashion with one 
major exception: TROUBLES WITH HIGH 
FREQUENCIES ARE GONE, thanks to CON- 
AX’ 1/40,000th of a second control action. 


Available in single channel or stereo models. 
Write to FAIRCHILD for complete details. 
HY FAIRCHILD 
|_ UE | 


Recording Equipment Corporation 
10-40 45th Avenue, Long Island City 1, N. Y. 


ee 


Eavesdropper sensitivity 
plus Earwitness fidelity 
make West Germany's 
EMT D 24B dynamic mike a must 
for the professionai 
in the studio, or in the field 
with a top-quality tape recorder. 
Wide, flat response ; 
high sensitivity ; 
strong cardioid pattern; 
bass-cut switch — 200 Ohms. 
Imported and serviced in USA 
by Electronic Applications, Inc. 
Stamford, Connecticut. 
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..-8O0 much more for everyone...for every 


application...in the complete line of 


Stanton Stereo Fluxvalves”*. 


Here is responsible performance...in four 
superb models...for all who can hear the 
difference. From a gentle pianissimo to a 
resounding crescendo — every movement 


of the stylus reflects a quality touch pos- 


sessed only by the Stereo Fluxvalve. 


— 


“ 


y 


Standard: Model 381 — ‘ 


—. 
ultra-linear professional pickup 


r recording channel calibration, Collectors Series: Model 380—A pre- Pro-Standard Series: MK II—A pro- StereoPlayer Series: Stereo 90 — 
dio stations and record evaluation 


by engineers and critics...from 
.00 


STANTON Calibration —wa 


cision pickup for the discriminating fessional pickup outstanding for A fine quality stereo magnetic pick- 
record collector...from $29.85 quality control...from $24.00 up for the audiophile ...$16.95 


LISTEN!...and you will agree Pickering has more for the best of everything in record reproduction—mono or stereo. More Output— 
More Channel Separation— More Response—More Record Life! 


In short.. _more to enjoy...because, there’s more quality for more listening pleasure. 


* U.S. Patent No. 2,917,590 


FOR THOSE WHO Pi. HEAR THE DIFFERENCE JLISTEN!-Ask for a Stereo FLUXVALVE demonstration at your Hi-Fi Dealer 


4 k 4 today! 
(3) IC ering Send for Pickering Tech-Specs—a handy guide for planning a stereo high 
PICKERING & CO., INC., PLAINVIEW, NEWYORK fidelity system...address Dept, Z70 


STEREO FLUXVALVE, STEREOPLAYER, COLLECTORS SERIES, PRO-STANDARD SERIES, CALIBRATION STANDARD ARE TRADEMARKS USED TO DENOTE THE QUALITY OF PICKERING & CO., INC. PRODUCTS. 
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What’s 


your 
residual? 


no. No, NO! We don’t mean that. We're 
talking about the residual IM (leakage) in your 
IM meter. If your meter is anything except an AI, 
the residual is probably 0.2 to 0.5%. But a high 
quality amplifier itself should have less than 
0.25% at normal listening levels. Are you meas- 
uring your amplifiers or are you measuring the 
imperfections of your meter? 

Here’s how you can tell: Connect the signal 
generator output of your meter directly to the 
input terminals of its analyzer section, then 
measure the IM. Don’t connect any amplifiers 
in at all. If you get a reading of over 0.05%, 
reach for your requisition pad and order an ai 
Medel 168 or 168D. 


ail intermodulation meters have six delicious features: 


compact—on 834” x 19” panel 

wide low frequency range—40 to 200 or 400 cps 

wide high frequency range—2000 to 20,000 cps 

low residual IM (leakage)—under 0.05% 

vtvm included—30, 100, 300 mv; 1, 3, 10, 30, 
100 volts, full scale 

low price 


used by such leading equipment manufacturers as: 
Admiral, Ampro, Arvin, Blonder-Tongue, Bceing, 
Bogen, Fairchild, GE, Hazeltine, Langevin, Low- 
rey Organ, Marantz, N. V. Philips, Radio Crafts- 
men, RCA, Rock-Ola, Seeburg, Sonotone, Stan- 
cor, Stromberg Carlson, Warwick and leading 
recording organizations like RCA and Capitol. 


DO YOU KNOW ABOUT OUR NEW MODEL 168D? 


Write for new Catalog A-2 


_ @ 
Clim 


audio instrument co., inc. 
West 14 Street, New York 11, New Yo 
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FAIRCHILD 


RECORDING EQUIPMENT DESIGNED 
FOR PROFESSIONAL USE .. . 


Over two decades of research and 
development by FAIRCHILD has 
consistently produced advanced 
professional products for the re- 
cording and broadcast industry, 
including: 


The First Synchronous studio disk recorder. 


First electronic-picture recording — the 1940 
FAIRCHILD facsimile recorder. 


e FAIRCHILD Pic-Sync tape recording. 
e Industry-introduction of the hot stylus technique. 


e First commercial Stereo Playback cartridge— 
1957 Model 603. 

AND NOW, FAIRCHILD introduces a line of in- 
tegrated STEREO recording equipment featur- 
ing 

The 670 LIMITER: unique design allows indepen- 
dent control of vertical and lateral amplitudes, 
with a minimum loss of separation, allowing high 
degree of limiting with no audible “thumps”. 

The 605 STEREO DISK PLAYBACK EQUALIZER- 
AMPLIFIER. Can be used for mono or stereo, will 
accommodate cartridges from 18 to 50,000 ohms, 
with individual response controls to compensate 
for various cartridges. 

The 641 STEREO DISK RECORDING SYSTEM— 
featuring a unique, stable feedback control sys- 
tem, a modern amplifier and a rugged cutter com- 
bined to produce audibly superior stereo disks 
and outstanding monophonic disks. 

The 602 STEREO CONAC~—unique device con- 
trolling groove accelerations for higher level 
recordings. 

Complete technical information on FAIRCHILD 
professional products available. WRITE: 


FAIRCHILD 
RECORDING EQUIPMENT CORP. 


Professional Products Division 
10-40 45th Avenue 
Long Island City 1, New York 


—— 
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Outside of Redwood City, California 
| the most complete display of 


a AMPEX 


to be found anywhere is at the 


HARVEY 


PROFESSIONAL SHOWROOM 


World’s largest inventory of 
Ampex equipment, 
accessories, and parts 


HARVEY rapio co., inc. 


1123 Avenue of the Americas (6th Ave. at 43rd St.) New York 36, N.Y. 


} 1 Block from Times Square JUdson 2-1500 
— AS es ec 
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HEAD HUNTERS! 


LANG ELECTRONICS is pleased 
to make available to professional 
users a service whereby they can 
economically extend the useful life 
of recording and playback tape 
recorder head assemblies. 

Our pampered and happy clients 
include: Decca Records, American 
Broadcasting Company, NBC, Mu- 
tual Broadcasting, Vanguard Rec- 


Pri 2 
rice |x 
Schedule [A . 


MPEX 
MPEX 
MPEX 


ords, Coastal Recording, Capitol 
Records, Olmsted Sound Studios, 
Reeves-Soundcraft, Elektra Records, 
Dubbings, Livingston Audio Prod- 
ucts, U. S. Information Agency and 
many others. 

All heads are subject to our in- 
spection to determine desirability 
of reconditioning. Heads recondi- 


tioned by us can be expected to 


stereo head assembly 


full-track assembly 


half-track head assembly 


have a useful life equal to or 
greater than that prior to recondi- 
tioning. 

We guarantee that all heads ac- 
cepted by us for reconditioning, 
when tested, will equal or exceed 
standard specifications with respect 
to frequency response and level for 
the particular make and model. 


LANG ELECTRONICS 


507 Fifth Avenue, New York City . 


. MUrray Hill 2-7147 


Sk el OP ys ae | 


SONOCRAFT. 


COURTEOUS CONSULTATION e ENGINEERING SERVICE 


| 

IN STOCK | 

BRAND NEW} 

Se gh MODE 354 

ba € ve< STEREO ! 

& i Wee a 

oS | AMPEX |} 

.,666 ss 1 

. <a ae ry é : LARGE STOCK 

_ SERIES 300 and 351; 

@@+ | = © _ pypticators ; 

MULTI-CHANNELS | 

1 


MOST COMPLETE SOURCE FOR 
THE PROFESSIONAL TRADE! __ 


PULTEC 
PROGRAM EQUALIZERS 
SOUND EFFECTS FILTERS 


Ctl ee 


Professional 

CONAC STEREO 602 
LIMITER 670 

MONITOR AMPLIFIER 680 
TRANSCRIPTION TABLES 


e COMPLETE PARTS SUPPLY e ACCESSORIES 


115 West 45th St., New York 36, N.Y. 
Third Floor JUdson 2-1750 


SONOCRAFT CORPORATIO 
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TWELFTH ANNUAL 
CONVENTION & EXHIBITION 
OF PROFESSIONAL EQUIPMENT 
October 11-14 
at the 


HOTEL NEW YORKER NEW YORK CITY 


Silent equipment exhibits will again be geared to the audio professional and, 
for the first time, sound demonstration facilities will be available away from 


the main exhibit area. 


Technical sessions will encompass the widest range of audio topics in the history 


of the AES. Programs will be mailed early in September. 
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SUSTAINING AFFILIATES 


Grateful thanks of the Audio Engineering Society are hereby extended 
to the following organizations which, as sustaining members of the Society, 
help make this publication possible. These organizations are: 


Acoustic Resgarcu, INc. 

Artec LANsING CorPoRATION 

AMI IncorporaTep 

Ampex CorporaTIoN 
| 


Avupio 

Aupio Devices, INc. 

Aupio Fiwe.ity ProressioNAL Propucts, INc. 

BarrisH _INpustTRIES CORPORATION 

Caprro, Recorps, Inc. 

Co_umsiA Recorps, INc. 

CoMPONENTS CORPORATION 

DicraPHONE CorPoRATION 

FamcHiLp RecorDING EquipMENT CorpPoraATION 

Harvey Rapio Company, INc. 

HicH Fwweuiry, AupIOcRAFT 

H. H. Scort, Inc. 

InstiTuTe oF HicH Fmeviry MANUFACTURERS, INC. 

INTERNATIONAL Business MACHINES CorPoRATION 

James B. LANsinc Sounp, INc. 

McIntosH Lasoratory, INc. 

MEASUREMENTS CORPORATION 

PERMOFLUX CoRPORATION 
| 


Pickxerinc & Company, INc. 
RCA Lasoratories, Rapio CorPoRATION OF AMERICA 
Rapio RecorpErs 
Reeves Sounp Srupios, INc. : 
. Rex-O-Kut Company | 
R. T. Bozak MANUFACTURING CoMPANY | 
Suure Broruers, Inc. | 
} 
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